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1. BACKGROUND 

Linear-speech-synthesis models were first proposed in the fifties. 

However, these models became practically viable only in the late sixties 

when efficient linear-prediction-techniques were applied to estimate the 

parameters of these models. 

Section 1.1 broadly classifies sounds and shows how they are produced 

by our vocal apparatus. Section 1.2 briefly discusses the linear 

prediction technique, and describes the model used. Section 1.3 outlines 

the limitations of this well known synthesis method and section 1.4 

presents the effects of spectral magnitude and phase transformation on 

the residual signal. 

1.1 A brief description of sounds in human speech 

Sounds in human speech can be classified into three major categories. 

Fig. 1.1 shows a cross-section of the human vocal apparatus used to 

describe the generation of sounds. 

a. ~02:._c~d_s~u~d~ (vowels and voiced consonants) are produced by 

forcing air through the glottis with tension in the vocal folds so that 

they vibrate, thereby producing air-pressure pulses that excite the 

vocal tract. The frequency of these pulses determines the pitch of the 

sound. Pitch is regulated by varying the tension in the vocal folds. The 

vocal tract and the nasal cavity shape the spectrum of this excitation 

with their resonances (formants) and antiresonances. Normal voiced 

sounds are produced with the nasal cavity decoupled (velum closed), thus 

producing only resonances. Nasal sounds are produced with the velum 

open, and the vocal tract constricted at some point, thus producing 

resonances and antiresonances. Fig. 1.2 shows the waveform of a 

non-nasal voiced sound, its autocorrelation function and spectrum. Note 

the periodicity of the autocorrelation function, the formants in the 

spectrum, and the comb like structure of the spectrum. 

b. Fricatives or unvoiced sounds (e.g. 'sh' 'ss') are generated by 

constricting the vocal tract at some point (usually near the mouth 

opening) and forcing air through the constriction with the glottis 

open. Sa the vocal tract is excited by a noise like excitation with a 

wide spectrum. Fig. 1.3 shows such a waveform, with its autocorrelation 

function which is also noisy. The spectrum again shows formants but the 

comb like structure is missing. Sounds produced by a constriction in 
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the vocal tract and vibration in the vocal folds are called voiced 

fricatives, e.g. /z/ in zoo. 

c. f_l~s.:!:_v~s are the result of completely closing the vocal tract, 

building up pressure behind the closure and releasing it abruptly. If 

the vocal folds vibrate during closure then the sound is called a voiced 

plosive (e.g. /b/ in 'bop') else it is called an unvoiced plosive. The 

short silence due to complete closure of the vocal cavity, followed by 

an abrupt noise like waveform (unvoiced plosive) is evident in Fig. 1.4. 

1.2 The linear prediction synthesizer (LPS) 

Although there are several methods to compress speech data efficiently, 

only linear predictive coding offers easy manipulation of sounds, and 

excellent data compression simultaneously. Manipulation of sounds is 

particularly important when talking machines must use a vocabulary of 

smaller units to synthesize sentences, which must have the proper 

intonation. 

The model described here is due to G. Fant (Fig. 1.5a). In this model 

the sound originating from a source U as a periodic pulse-train (for 

voiced sounds), or as acoustic noise (for unvoiced sounds) passes 

through a filter H representing an irregular tube formed by the pharynx 

and the vocal tract. A tube such as this has a number of resonance 

frequencies (formants), therefore the transfer function of the filter 

H(f), has a number of peaks (Fig. 1.5b) with the associated bandwidth. 

An additional filter R for modelling sound radiation at the lips is also 

included. Fig. 1.6 shows the waveform and the spectrum of a synthesized 

version of the voiced segment that was shown in Fig. 1.2. To see why 

data compression is possible see Fig. 1.7 which shows the actual 

short-time spectral envelope of a speech segment, computed every 10 ms. 

From this figure, it is clear that the envelopes are indeed changing 

slowly. This is to be expected because shape of the mouth cavity changes 

slowly. Thus we can update the filter parameters at this rate. For 

voiced sounds speech shows short term periodicity (Fig. 1.2), thus it is 

also possible to update the periodicity of the source at the same rate. 

The SPeech Analysis and Resynthesis eXperiment (SPARX) system at IP0 

samples analog speech waveforms at 10 kHz at 12 bits / sample resulting in 

a bit rate of 120 kbits / sec. Linear prediction techn i ques are appl i ed to 

the sampled waveforms to extract filter parameters. 
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A predictor of order m which approximates the next sample based on 

the past m outputs and the current input is described by equation ( 1.1 ) . 

m 
s[ n] = - [ aks[ n-k ] + e[ n ] 

k=1 

where 

s[n] is the speech signal 

( 1. 1 ) 

e[n] is the signal required to correct the error in the predicted value 

m 
s [n ] = [ aks [n-k] 

k=1 

e[n ]is also called the prediction residual. 

( 1 • 2 ) 

The coefficients ak are computed by minimizing the energy E of the 

residual over window of finite length N. 

m+N-1 m+N-1 m 

E= [ e2fnl= [ (s[n] + [ aks[n-k] )2 ( 1 • 3) 

n=m n=m k=1 

The energy Eis minimized with respect to the coefficients by setting 

dE/dai= □ for i=1 to m. Thus we have m equations 

m 
[ ak~(k,i) = -~(O,i) 

k:1 

where 
m+N-1 

i=1 to m 

~(i ,k) = [ s [n-k] .s[ n-i] = ~(k,i) 
n=m 

( 1 • 4 ) 

( 1 • 5 ) 

The function 0(i ,k ) is called the covariance, consequently an analysis 

method which uses equation (1.4) to determine the filter coeff1cients is 

called covariance analysis. 

When the window length Nis chosen such that 1t is always larger than 

one pitch period then the covariance 0(i,k) can be approximated by the 

short-time autocorrelation R(i-k) given by 

N-1-j 
R(j ) = [ s[n] .W[n] .s[n+j]W[ n+j] = R(-j) ( 1 • 6) 

n=D 
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where W[n] is a window-function of length N used to smooth out abrupt 

changes at the edge of the window. The autocorrelation analysis method 

uses autocorrelation coefficients instead of covariance coefficients. 

m 
L akR(li-kj) = -R(i) 

k=1 
i=1 to m ( 1. 7) 

The autocorrelation method yields results which are almost identical to 

the covariance method for window lengths larger than one pitch period. 

Moreover it requires less computation and memory than the covariance 

method. 

At IP□ the autocorrel~tion method is used to compute the filter 

coefficients. The speech signal is first pre-emphasized with the filter 

1-0.9/z to correct for the negative slope of the spectrum with respect 

to frequency (see dotted line in Fig. 1.2c). This is done to obtain more 

accurate estimates of formants at higher frequencies. 

The autocorrelation coefficients are computed from the pre-emphasized 

speech signal with a window length N=250 samples (25 ms) using a hamming 

window. The window length is chosen sa that it is large enough to always 

contain more than one pitch-period, but small enough sa that it does not 

smooth out the variation of filter parameters toa much. Successive 

filter coefficients are computed the window 100 samples (10 ms) at a 

time. Fig. 1.8 shows the estimated spectra! envelopes of speech using 

the linear prediction method for the same actual P.nvelopes of speech 

shown in Fig. 1.7. The filter H(z) that represents the transfer function 

of the vocal tract is then given by 

m m/ 2 
H(z)=1 /( 1+ L akz-k) = L 1/( 1+pkz-1+qkz-2 ) ( 1 • 8 ) 

k=1 k=1 

Consequently the signal synthesized using H( z) must be de-emphasized use 

1/( 1-0.9/ z ) , which is called a de-emphasis filter. 

The filter H(z) can be braken up into a cascade of second-order 

filters, and each coefficient of a second-order filter can be quantised 

using 8 bits. Typically the vocal tract can be approximated by five 

formants, sa the number of filter coefficients m=1 □. Thus coding the 

fil'er requires 8000 bits / sec. 

Three parameters are needed to model the excitation U. The 

voiced/ unvoiced (V/UV) parameter determines whether the source is Voiced 

or Unvoiced. This can be determined from the zero crossing rate or from 
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the short-time autocorrelation of the original speech waveform. Unvoiced 

segments are characterized by a high zero-crossing rate and a noisy 

autocorrelation (see Fig. 1.3). If the segment i s voiced one needs to 

find the pitch-period. This can be determined by determining the 

periodicity in the short-time autocorrelation. It can also be computed 

from the short-time magnitude spectrum which has a comb like structure 

for voiced speech (see Fig. 1.2 ) . The width of one tooth of the comb 

gives the fundamental frequency F0 • The lowest expected value of F0 is 

50 Hz. Thus the short-time autocorrelation or the short-time spectrum 

used for determining pitch, must be computed using a window length of at 

least 40 ms, so as to include at least two pitch-periods. When the 

pitch-period is small (e.g. approx. 5 ms) so that several pitch periods 

fit into a window of 40 ms, and the pitch is changing over these pitch 

periods, then a window length of 40 ms might average out the pitch, so 

the pitch determination algorithm at IP0 selects the window length 

adapt i vely. 

Finally there is a gain parameter used to determine the height of 

pitch pulse for voiced segments. The gain G=[Ë. For unvoiced segments 

white zero-mean noise uniformly distributed over the interval -1.0 to 

+1.0 is used. The gain used for unvoiced segments is G/ 2. 

If we code the pitch with 8 bits, the gain with 7 bits and the V/ UV 

parameter with 1 bit then the excitation, requires 1600 bits / sec. Then 

the overall bit rate is 8000+1600=9600 bits / sec - i.e. a bit rate 

reduct i on by a factor of 12.5 with respect to the rate at which original 

speech was recorded. Coarser quantization to achieve bit rates of 1200 

bits / sec is possible by compromising the quality and intelligibility. 

1.3 Limitations of the linear prediction synthesizer 

Synthetic speech produced by this model is of high quality, yet one 

finds that the speech has lost i ts natural quality and sounds buzzy. The 

speech loses its natural qual i ty in the analysis-synthesis process -

even when the input speech is of very high quality. We shall consider 

the possible causes of loss of natural quality one by one. 

a. The filter model used is an all pole model. Thus zeroes i .e. 

antiresonances of the vocal apparatus are not represented. Moreover 

the presence of zeroes i ntroduces errors in the locat i on of formant 

frequencies and the formant bandwidths. Analysis methods to include 

the effect of zeroes have been proposed, but the f mprovements do not 

justify the added complexity. 
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b. The estimated formant bandwidths of the filter are typically toa 

small (compare Figs 1.7 and 1.8). However, methods prbposed to obtain 

shallower peaks have not resulted in improved synthesis quality. 

c. Other factors which affect formant estimation are: 

- high pitch frequency, because then the harmonies interfere with 

location of formants 

- length and positioning of the analysis window used. 

d. Errors in pitch and the Voiced/ Unvoiced (V/UV) decision cause serious 

degradation in speech quality, however even correcting these errors 

manually does not improve the naturalness. Moreover the unnatural 

quality shows up in the entire sentence, whereas pitch and V/ UV 

errors occur in isolated segments. 

e. Accurate separation of speech into two classes - voiced and unvoiced 

is difficult to achieve in practice. In fact voiced-fricatives, or 

voiced-plosives are neither purely voiced nor purely unvoiced. Fig. 

1.9 illustrates the point. 

f. Using only one point of excitation in the entire pitch period for 

purely voiced segments is obviously an oversimplification because 

apart from the main excitation which occurs at glottal closure, there 

is a secondary excitation at the glottal opening, which occurs during 

the open phase, and after the closure [ 2]. 

g. Lastly there is the question of reproducing relative phases of 

different frequency components. The linear prediction synthesizer 

generates a minimum phase signal for voiced segments, which is not 

true for human speech. The human ear is in general, insensitive to 

phase. However, there is evidence to suggest that the time delay 

introduced by phase differences between various frequency components 

of the speech signal might be important for preserving the 

naturalness of synthetic speech. 

Clearly the main problem is the highly inflexible way in which the 

excitation is classified as voiced or unvoiced and the use of one pulse 

per pitch period for synthesis of voiced segments. 

1.4 Effects of spectral phase and amplitude modifications 

The signal obtained by passing the speech signal through the inverse 

predictor 1/ H(Z) 1s called the residual signal. The residual is the 

ideal excitation for the predictor. If it is used as excitation the 

synthetic speech waveform so obtained is indistinguishable from original 

speech waveform. For voiced segments the residual retains the 
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periodicity present in the corresponding segment of original speech. It 

is essentially a spectrally flattened version of the original speech 

signa!. Fig. 1.10a shows the residual signa! for the voiced speech 

segment shown in Fig. 1.2a and Fig. 1.10b shows the spectrum is a 

flattened version of the original speech spectrum in Fig. 1.2c. 

Bishnu Atal and Nancy David [3] modified the spectra! phases of the 

residual to obtain a phase transformed version of the residual, which 

was used to synthesize speech. Six phase conditions were chosen: 

1. Zero phase. 

2. Constant phase = the median of the phase of the first harmonie. The 

phase being fixed with respect to time and frequency. 

3. The constant value with respect to frequency, is allowed to vary with 

time according to the phase of the fundamental frequency. 

4. The median group delay for each harmonie over all the pitch periods 

in the sentence was computed. This median group delay characteristic 

was used for all pitch periods. Thus the phase characteristic varied 

as a function of frequency, but was fixed with respect to time. 

5. Same as 4 except that the phase of the fundamental frequency 1s 

allowed to vary with time according to its measured value. 

6. Original phase. 

Two spectra! amplitude conditions were used: 

1. Flat amplitude spectrum - this corresponds to that of one impulse per 

pitch-period used in the model of the excitation source when the 

phase is set to zero. 

2. Original amplitude spectrum. 

Fig. 1.11 clearly shows that distortions in the amplitude spectrum 

introduced by using one pulse per pitch period are responsible for the 

loss of quality. 

In Fig. 1.11 the extreme one-third of the subjective quality axis 

corresponds to speech of fairly high quality, and the extreme left 

one-third corresponds to speech quality comparable to LPS synthesized 

speech. 
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2. MULTIPULSE EXCITATION SYNTHESIS BY PROCESSING THE RESIDUAL 

The residual is the ideal excitation for the LPS. Therefore it was the 

most obvious candidate for processing in order to obtain the Multi-Pulse 

eXcitation (MPX). 

The study on the effects of spectral phase and magnitude 

transformations on the residual showed that even the zero phase 

transformation with the original spectral magnitude resulted in a 

significant improvement in the synthesis quality. Therefore we decided, 

as a first try, to explicitly discard the phase information. This was 

done by using the Short-Time AutoCorrelation (STAC) function of the 

residual to find additional pulses in each pitch period (for voiced 

segments). For unvoiced segments the excitation generator still produces 

random noise. This method is described in section 2.1. 

Subsequently we adopted an analysis by synthesis method [ 4] to 

determine the multipulse excitation. In this method no attempt is made 

to classify the excitation as voiced or unvoiced, or as periodic or 

aperiodic. This is because classifying the excitation according to the 

modes of excitation of the vocal tract is quite difficult because the 

vocal tract has more than two modes of excitation, and aften these modes 

are mixed. Thus the excitation simply consists of a series of impulses 

for all modes of excitation of the vocal tract. Section 2.2 explains 

this method. During this study speech synthesized in different ways was 

compared by informal listening tests. As speech material several 

sentences spoken by male and female speakers were used. Other 

researchers at !PO also use these sentences for synthesis experiments. 

In the following sections original speech refers to the recorded speech 

signal, and normal synthesis refers to speech synthesized using the LPS 

model shown in Fig. 1.5a. 

2.1 Using the autocorrelation to locate additional pulses in a 

pitch-period 

The STAC is directly related to the short-time magnitude spectrum. If 

x[ n ] denotes the sampled signal, and wf n] a window of fini te length N, 

then the STAC can be expressed as 

N-1-k 
R( k) = t: x[n+m]w[m] x[ n+m+k] .11[m+k] ( 2. 1 ) 

m=O 
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The short-time fourier transform of x[n] is 

N-1 
X(ejW) = t: x[ n-m] w[m] e-jw (n-m) (2.2) 

m=O 

and R(k) - (2.3 ) 

Thus an excitation constructed so that its autocorrelation is closer to 

that of the residual would undoubtedly have a magnitude spectrum that i s 

closer to that of the residual. Fig. 2.1a shows the STAC of a voiced 

segment of a residual. On first glance the STAC looks very noisy, 

however a closer look ( the dotted line) shows the periodicity, which is 

very evident in the STAC of a demphasized version of the residual (Fig. 

2.1b). 

In this method the voiced/ unvoiced decision of the earlier model is 

maintained. Only for voiced segments additional pulses are inserted in 

each pitch period. 

The analysis is carried out pi tch synchronously. The STAC was 

computed using exactly one pitch per i od using a rectangular window. 

Consider the case when two extra pulses are to be inserted in a pitch 

period. R(O) and two other important values of R( k) and their positions 

are noted. Let these positions be n1 and n2 (see Fig. 2.2a ) . The values 

are then normalized with respect to R( O) sa that 

r ( O)=R (O) / R(0 ) =1;r (n1 ) =R(n1 )/R(O) ;r (n2 ) =R (n2 )/R(O) (2.4) 

The extra pulses wi th amplitudes a1 and a2 are assumed to be located at 

these positions n1 and n2, with respect to t he main pi tch pulse (Fig. 

2.2b ) . Let the ampl i tude of the main pitch pulse be aO. Then if n1 n2 

calculating from the STAC of the exci tation using ( 2.1 ) we have 

and 

aO.aO+a1.a1+a2.a2 = r (O) = 1.0 

a1.a0 = r(n1 ) 

a2.a0 = r(n2 ) 

a1.a2 = r (n2-n1 ) 

( 2.5 ) 

where r (n2-n1 ) = R(n2-n1 )/R( O) . Equations (2.5 ) can be wr i tten as 

(a0+a1+a2 ) 2=1+r (n1 )+r (n2 )+r (n2-n1 ) 

(a0-a1-a2 ) 2=1-r (n1 )-r (n2 )+r (n2-n1 ) 

( -a0-a1+a2 )2=1+r (n1 ) -r (n2 )-r (n2-n1) 

( 2.6 ) 
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From (2.6) we see that we can obtain 8 possible sets of linear equations 

to solve for the amplitudes. To choose a unique case it was decided to 

choose that solution in which the absolute amplitude of a0 is the 

largest, because this was the main pitch pulse. Finally the amplitudes 

aO, a1, a2 are multiplied by R(O ) because equations ( 2.5 ) were obtained 

after normaliz i ng with respect to R(O). 

The relevant values of the autocorrelation were found by picking 

peaks of highest amplitude in the correlation function. Thus R(O ) was 

picked and two other points of highest amplitude. Since the effect of 

the rectangular window is to taper the correlation function i .e. 

R ( k ) / R ( 0) = 1-K/ N ( 2. 7) 

So we decided to divide R( k) by Q(k) before f1nding peak ampl i tudes, 

where 

k 
Q( N-k) = L X [ i] X [ i] O<=k<=N-1 (2.8 ) 

i=O 

Speech was then synthesized using an excitat i on with three impulses per 

pitch period. The resulting synthes i s was not buzzy but a certain 

roughness had entered the synthesis. Moreover the voice still had the 

unnatural quality found in the normal synthesis. 

Further investigation into this method was abandoned because of the 

lack of a precise way to determine the positions of the pulses. Moreover 

the decis i on to choose the largest pulse as the main pitch pulse was 

intutive. Another poss i bility is that maybe three pulses per pi tch 

period were not enough. Efforts to calculate a 1~rger number of pulses 

created even more problems. For example in numerous cases the right hand 

side of equat i ons (2.6) turned out to be negative. This could have 

happened only if the positions were i ncorrectly chosen. 

2.2 Using a spectrally weighted mean square mi nim i zation procedure to 

determine the multipulse excitation 

Fig. 2.3 shows the LPS wi th the Multi-Pulse eXcitation Generator 

(MPXG ) . The MPXG needs the locations and amplitudes of the pulses in 

order to generale the exc i tation. Thus each frame transmitted to the 

s ynthesizer naw conta i ns the LPS f i lter coe ff1cients, and the positions 

and ampl i tudes of the pulses for the MPXG. 

The black di agram of the analysis by synthesis procedure used to 

determi ne the locations and amplitudes of the pulses 1s shown i n Fig. 

2.4a. The excitat i on u[n] is compared with the res i dual r[n] to obta i n 

an error s i gnal e ~], where 



-12-

e [n] = r[ n] - u[n] (2.9) 

The error e[n] is then passed through a suitably chosen weighting filter 

W(z) to suppress the energy in the error signal efn ]in certain 

frequency regions. Let V [n ] be the signal obtained by passing the error 

e[n] through the weighting filter W(z). Then the locations and 

amplitudes of the pulses are determined over a short-time interval 

(e.g . 5 to 10 ms) sa as to minimize the short time energy of the signal 

V[n]. In the frequency domain the energy E of the signal V[n] is given 

by 

f s f s 
E = J lv<f)l2df = J IR(f) - U(f)l21w<nlzdf 

0 0 

(2.10) 

where f is the frequency variable and fs the sampling frequency and 

time domain z-domain frequency domain 

V [n] V(z) V( f) 

r [n] R(z) R(f) 

u(n] U(z) U(f) (2.11) 

w [n] W(z) W( f) 

where w[n] is the impulse response of the weighting filter W(z). 

In the time domain the energy Eis given by 

N-1 
E = [ V2[ n ] (2.12) 

n=O 

where the error minimization is done over a window of N samples. 

Since W(z) is a linear filter it can be shifted before the adder as 

shown in Fig. 2.4b. Suppose l pulses are to be located over an interval 

of N samples. Let n1,n2 .•. denote the positions of the pulses, and 

a1,a2 ... al their respective amplitudes. Then u[n] can be expressed as 

l 
u [n] = [ ai ó[ n-ni] 

i:1 

then 

V [n] = x[ n] - x[n ] 

where 

x[ n] = r[ n] *w[ n] (convolution ) 

and l \ 
x(n]=xm[n]+U[n]*W[n] = Xm[n]+ [ aiW[n-ni] 

i:1 

( 2.13) 

2.14) 

( 2.15 ) 

(2 .16 ) 

W[n] is the impulse response of the weighting filter and Xm[n] is the 

signal obtained purely from the memory of the weighting filter from 
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previous synthesis intervals. The mean square error E over the current 

analysis interval of length is then given 'by 

N-1 N-1 l N-1 
E = t: v2[n]= Z: (X[n1-Xm[n])2 - 2Z:ai Z: W[n-nil.(x[nl-Xm[n]) 

n=□ n=□ i=1 n= □ 

N-1 l 
+ Z: ( Z: ai W [ n -n i ] ) 2 (2.17) 

n=O i=1 

Suppose the optimum positions of the pulses are known. Then the mean 

square error E can be minimized with respect to the amplitudes by 

setting dE/dak= □ for K=1 to 1. This gives l linear equations (2.18) 

which can be solved for the optimum amplitudes once the optimum 

positions are known. 

l 
Z: aii(ni,nk) = Rmw(-nk) 

i=1 

N-1 
where !l(ni,nk) = Z: W[n-n~ W[n-nk] 

n=□ 

N-1 
and Rmw(-nk) = Z: W[ n-nk] ( X[n]-Xm[n]) 

n= □ 

(2.18) 

(2.19) 

( 2.20) 

substituting equation (2.18) in the expression for the mean square E we 

have 

N-1 
E= z: (X [n]-Xm[n])2 -

n= □ 

l l 
Z: Z: ai a j IJ( n i , n j ) 

i=1 j=1 
( 2. 21 ) 

The procedure to determine the optimum locations of the pulses would 

be extremely complex if one tried to find the locations of all the 

pulses at once. Moreover the fact that the amplitudes of the pulses can 

be found only after determining the locations, complicates matters even 

further. Therefore we adopted a procedure in which the locations and 

approximate amplitudes of the pulses are determined one pulse at a 

time. After finding the locations of all l pulses, equations (2.18 ) are 

used to determine the exact amplitudes. 

Consider the case when only one pulse (1=1 ) is to be determined in 

the analysis interval. Then from equation 2.18 we have 
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a1 = Rmw(-n1)/0(n1,n1) 

Substituting equation (2.22) in (2.21) we have 

N-1 
E= I (x[n]-Xm[n])2 - R2mw(-n1)/~(n1,n1) 

n=D 

(2.22) 

(2.23) 

The term R2mw(-n1) / 0'Cn1,n1) is non negative. Therefore the position n1 

is located where R2mw(-n1) / ~(n1,n1) is max i mum so as to minimize the 

mean square error E. To locale more pulses in the analysis interval the 

following procedure is adopted. Suppose the qth pulse has just been 

located, and the exact amplitudes of these pulses have been found by 

solving equation (2.18) for q pulses. Naw we want to find the location 

of the (q+1)th pulse. To do this a new error Vq[n] is computed by 

subtracting the contribution of the q pulses just determined where 

q 
Vq[n] = x( n] - Xm[n] - I aiW[n-ni] 

i=1 
(2.24) 

and the mean square error Eq after finding q pulses 1s given by 

N-1 
E q = I ( x[ n] - Xm [ n] ) 2 -

n=D 

q q 
I I aiaj !J'( ni, nj ) 

i=1 j:1 
(2.25) 

Let Aq+1 and Nq+1 

of the (q+1)th pulse 

Vq+1[ n] = Vq[n] -

and 

denote the amplitude and the position respectively 

which is to be found. Then we have 

where 

aq+1· W[n-nq+11 ( 2.26) 

N-1 
= t: v2q+1[n] = Eq-2aq+1 RqwC-nq+1)+a 2q+1!if(nq+1, nq+1) (2.27) 

n=O 

N-1 
I Vq[n]. W[n-nq+11 

n=D 
(2.28) 

Minimizing the mean square error Eq+1 with respect to the amplitude of 

the (q+1)th pulse by setting dEq+1 / daq+1 = 0 gives 

aq+1 = RqwC-Nq+1)/~(nq+1' nq+1) (2.29) 

Substitut i ng (2.29) into the express1on for Eq+1 we get 

Eq+1 = Eq - R2qw C-nq+1) / ~(nq+1' nq+1) ( 2.30) 
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The optimum position of the (q+1)th pulse is then obtained by minimizing 

Eq+1 with respect to Nq+1 by computing the term R2qw<-nq+1)/~(nq+1' 

nq+1) (which is non-negative) for all positions nq+1 in the analysis 

interval (except for positions n1 to nq which have already been 

determined) and selecting the position where this term is maximum. Then 

the amplitudes a1 to aq+1 are recomputed using (2.18). The procedure 

continues like this until all l pulses have been determined in the 

analysis interval. 

The procedure for determining the positions and amplitudes of the 

pulses can be summarized as follows: the procedure begins by finding the 

location and amplitude of one single pulse by minimizing the mean square 

error between the signal x[n] and the contribution of the memory of the 

weighting filter from previous synthesis intervals. A new error signal 

is computed by subtracting the contribution of the pulse just found. The 

process is continued till the intended number of pulses have been 

located. Fig. 2.5 illustrates the error minimization procedure over a 5 

ms interval. In the beginning (Fig. 2.5a ) the excitation is zero and 

X[n] is produced from the memory of the weighting filter. The error is 

large and is reduced by placing a pulse as shown in Fig. 2.5b. The 

decrease in error by adding more pulses is shown in Figs 2.5c, 2.5d and 

2.5e. 

2.2.1 Criteria for selecting the wei_g_hting filter 

In any speech coding system that adds 'noise' to the speech signal, the 

percieved loudness of the noise is determined not only by its total 

power but also by the distribution of the noise and signal powers with 

respect to frequency. The noise can be reduced in loudness or even made 

completely inaudible in the synthetic speech signal by exploiting a 

phenomenon known as auditory masking. The inner ear essentially performs 

a running short-time spectral analysis of the incoming signal. It is 

less sensitive to noise in the high energy regions of the spectrum. Thus 

noise powers can be hidden under these high energy regions of the 

spectrum. In genera! the masking threshold is a function of frequency. 

For example with an BO dB SPL tone of 1 kHz, noise powers at 1 kHz that 

are more than 24 dB below the tone, are inaudible. Whereas at 2000 Hz 

noise power, has to be more than 60 dB below the tone to be inaudible. 

The high energy regions in a speech spectrum are of course the formant 

regions. Thus the spectra! error in the regions in between the formant 

must be made small. To do this Atal [4] used the following filter . to 

spectrally weight the error between synthetic speech s[n], and the 
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original speech s(n], before using it for mean square error 

minimization. 

(2.31) 

where H(Z) is the synthesis filter and Hy(Z) is a filter derived from 

H( Z) by broadening the formant peaks and reducing their amplitudes. This 

is done by shifting the ploes closer to the origin in the Z-plane. 

Thus 

m 
Hy (Z) = 1/(1 + 1: akykz-k) 

k=1 
( 2.32) 

where y varies between 0 and 1. It controls the amount of de-emphasis of 

the error energy in the formant region. For y=0 the filter WA (Z) = 

1/H(Z), thus it suppresses the error energy in the formant regions to 

the maximum possible extent and for y=1 WA=1, thus the error energy is 

equally distributed over the entire frequency region. The value of gamma 

(y) is not critical, though an optimum is found to be around 0.8 at a 

sampling frequency of 10 kHz. The transfer function of the filter 

WA(Z) is shown for different values of yin Fig. 2.6. 

Thus the signal that is used for mean square error minimization is 

(using Z-transform notation) 

( S(Z )-S(Z) ) . WA(Z)=V(Z)= (R(Z)-U(Z)). W(Z) ( 2.33) 

where 

S(Z ) = R(Z). H(Z) 

and 

S(Z) = U(Z). H(Z) 

where 

S(Z) ++ s[n] 

S(Z) ++ ;[ nl 

R(Z) ++ r[n] 

original speech 

synthetic speech 

residual 

U(Z) ++ u[n] 

H(Z) 

the multipulse excitat1on 

the synthesis filter 

WA (Z).H(Z ) .=Hy (Z) W(Z) = (2.34) 

where W(Z) was the weighting filter used to perceptually weight the 

difference between the res i dual and the multipulse excitation. 

In Fig. 2.7 the spectrum of two synthetic speech waveforms 

synthesized us1ng the multipulse excitation is compared with the 

spectrum of original speech (orange ) . The blue SYnthetic SPeech (SYSP ) 

was synthesized by setting y=0 and with 4 pulses every 5 ms. y=0 means 

that W( Z)=1 and its impulse response is a delta function, therefore 

minimizing the mean square error simply amounts to picking the 1-largest 
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samples in the analysis interval. The spectral P.rror is quite large at 

frequencies 1n between the first and second formant. The green SYSP was 

synthesized with y= □ .8 with 4 pulses/5 ms. The spectrum in Fig. 2.7 not 

only shows the reduction of error ener~y in the regions in between the 

formants, but also under the formants. However, we observed numerous 

cases (e.g. Fig. 2.8) in which the spectral error for the blue and green 

SYSP was similar in the regions in between the formants, however, the 

green SYSP sounded far better than the blue SYSP which seemed very 

rough. 

Later on we found at a simple fixed filter can be used as a weighting 

filter. This filter was found to be the simple demphasis filter 

D(Z)=1/(1-d/z). The optimum value of the demphasis constant d was found 

to be 0.7. Although this filter is not the optimum, in practice we found 

that it works quite well. When this filter is used in place of W(Z) we 

have 

D(Z) 
V(Z)=D(Z)(R(Z)-U(Z))= -- . H(Z).(R(Z)-U(Z)) 

H(Z) 

D(Z) 

H(Z) 

-(S(Z)-S(Z)) (2.35) 

Thus the error between original speech and synthetic speech is being 

weighted by the filter D(Z) / H(Z). The transfer function of this filter 

is shown in Fig. 2.9. Compare it with the weighting filter WA(Z) for 

y= □ .8 for the same H(Z). Encouraged by the results of this fixed filter 

we thought that if we could make a fixed filter base on average formant 

frequencies and bandwidths then it would work beller than the simple 

de-emphasis filter. The results that we gat from using such a filter 

were terrible. With a fixed filter the problem is if there is an error 

between the actual formant frequency and the fixed filter formant 

frequency, the error is minimized in the wrong frequency bands, thus 

1ncreas1ng the perceived loudness of the error. 

2.2.2 Effect of various parameters on the analysis method 

There are several parameters which effect the analysis method. The first 

and foremost is the order mof the LPS filter. A low order will not 

locate the formants correctly. Consequently the error between orig1nal 

and synthetic speech which is de-emphasized using the filter WA ( Z) or 

by D(Z) / H(Z), will not be distributed correctly and sa it will not be 

masked properly. 
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A lower limit for the filter order was found to be 8. In fact it would 

be better if higher filter orders were used e.g. 14 or 16. The second 1s 

the rate at which the LPS filter coefficients are determined. We found 

that halving this rate to 20 ms showed little degradation of overall 

speech quality. In some segments where the actual speech envelope is 

changing at a much faster rate than 20 ms there was degradation but it 

was not annoying. When the speech spectral envelope is changing at a 

rate much faster than the rate at which the filter coefficients are 

computed, the error gets distributed incorrectly over this interval so 

it is not masked properly. 

The other two parameters have to do with the analysis method for 

locating the pulses. There is the frame duration (FD) in which l pulses 

are to be located, and there is the window length (LW) used to compute 

the cross-correlations and ~(nink). 

As mentioned earlier using the filter D(Z) / H(Z) to weight the error 

between original and synthetic speech is similar to using a fixed filter 

D(Z) to weight the error between the residual and the multipulse 

excitation. With a fixed filter with the de-emphasis constant= 0.7 the 

impulse response decays very fast. In fact it becomes 1/ 4096 in just 

23 samples. Thus the frame duration chosen should be langer than 23 

samples sa that the effect of a pulse at the beginning of the analysis 

interval is taken care of. If the w1ndowed length is chosen equal to the 

frame duration the pulses at the end of the interval might not be 

located correctly. To avoid this the window length chosen must be 

greater than the frame duration plus the length of the impulse response 

of the fixed weight1ng filter D(Z). Pulses are located in consecutive 

intervals of length = frame duration by shifting the window by frame 

duration. The program that uses this fixed we1ghting filter has the 

following parameters. 

1. value of the de-emphasis constant d 

2. frame duration 

3. window length 

4. number of pulses to be located in frame durat1on 

Another program has been written to study other fixed weighting filters 

instead of D(Z) . This program additionally requires the coeff1cients of 

the numerator and denominator polynomials of the fixed weight1ng filter. 

When the filter WA (Z) is used to suppress the error energy in the 

regions in between the formants, the eq~1 valent filter W(Z) used to 

weight the error between the residual aryd the multipulse excitation is 
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no langer a fi xed f i lter. It is the t i me vary i ng filter Hy (Z) . The 
~ 

cons i derations for choosing the fráme duration and window length are the 

same as before except that the length of the impulse response is 

variable because the weighting filter varies with time. There 1s an 

addit i onal problem - (see Fig. 2.10)- as long as the entire wi ndow length 

is placed such that the f i lter coeffic i ents do not change in the window 

we can assume the impulse response i s f i xed i n the analysis window ; but 

the moment the filter coeffi cients change somewhere along the window 

length, we can no langer assume the impulse response to be fixed because 

it is slightly different for each t i me index i n the analysis interval. 

This problRm can be avoided by choosing window length equal to frame

duration such that it is a submultiple of the filter coeff i cient update 

i nterval. But this will of course result i n the error becoming slightly 

more perceptible. Two separate programs were written. The first one uses 

a window length = frame duration = half the filter coeffic i ent upd~te 

i nterval. This program has only two parameters 

1. the factor y used to compute Hy (Z) from H(Z) 

2. number of pulses to be located within a frame duration. 

A second program allows the use of different window lengths and frame 

durations. In this program the problem of a t i me varying impulse 

response (when the window crosses f i lter coefficient update boundar i es ) 

is tackled by computing the impulse response every 10 samples ( 1 ms ) or 

so. In this program once the pulses are located the impulse response 

corresponding to the time index of the pulse is subtracted from the 

previous error to compute the new error. We find for some cases the 

second program leads to an improvement whereas for others i t shows 

l i ttlR i mprovement over the case when LW:FD. 

The f1xed filter method is not the opt i mum, however, i t st i ll leads 

to s i gnificant i mprovement of the naturalness. Moreover , use of a fi xed 

f i lter makes eff i cient computation of the multipulse excitation 

poss i ble. 

In sect i on 2.1 i t was mentioned that the amplitudes are recomputed 

exactly by solving the equation at every step. However, we found that 

the ampl i tudes vary little so one can compute the exact ampl i tudes of 

the pulses after locating all of them. In fact even using the1r 

approx i mate ampl i tudes produces l i t t le or no degradation of the 

synthesized speech. 



We also tried pitch synchronous analysis for determining the multipulse 

excitation. For voiced parts the frame duration was equal to the pitch 

period. For unvoiced parts we set frame duration = 5 ms. The results we 

gat from synthesizing speech using the excitation determined pitch 

synchronously were the same as those using the excitation determined 

using a fixed frame duration. 

2.2.3 Results 

The filter coefficients were computed using pre-emphasized speech. The 

autocorrelation method was used to compute 10 coefficients for each 

filter, using a Hamming window of 25 ms which was moved by 10 ms every 

time. The multipulse excitation was computed using 

1. the fixed weighting filter D(Z) with d=0.7, a window length of 8.0 ms 

and a frame duration of 5 ms. There were 4 pulses located every 5 

ms. Speech synthesized using this multipulse excitation sounded very 

natura!, but there was perceptible noise. 

2. the time varying filter Hy(Z) with y=0.8 and a window length of 10 ms 

and a frame duration of 5 ms. Again 4 pulses located every 5 ms. 

Speech synthesized using this excitation sounded very natura!. Noise 

could only be heard by very careful listening with headphones. 

Fig. 2.11 shows the original speech waveform, the synthesized speech 

waveform, the multipulse excitation found using a fixed weighting 

filter, and the error between the original speech waveform and the 

synthetic speech waveform. Fig. 2.12 shows waveforms for the same 

segments as Fig. 2.11 except that the multipulse excitation in this 

figure is computed using the time varying filter. In these figures we 

see the periodicity present in the multipulse excitation. 

This method can be used to analyse mixed voices ( i.e. two or more 

voices) for the purpose of synthesis without any problems. Moreover the 

voice need not be recorded in a reverbration free environment. However, 

the SNR of the recorded speech must be good otherwise the hiss like 

white noise present in the original speech used for analysis is 

reproduced with a rough quality in the synthesized speech, synthesized 

using less then about 10 pulses per 10 ms. 

2.3 Quantization of the multipulse source 

A program was written to study the effect of quantization of the 

amplitudes of the pulses. The program had the following parameters: 

1. type of quantization - linear/ log 

2. number of bits 
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3. percentage of pulses to be clipped before quantization. 

The synthesis filter braken up into a cascade of second order filters 

and the coefficients of these second order filters were linearly 

quantized using 8 bits per coefficient. The multipulse excitation was 

then determined us1ng the quantized filter coefficients. The amplitudes 

of the pulses were then quantized and speech was synthesized using the 

quantized filter coefficients and the quantized multipulse excitation. 

We found that with linear quantization of amplitudes, perceptible 

degradation starts occurring at approximately 7 bits whereas for log 

quantization it starts at 5 bits. With log quantization the speech still 

retains its naturel quality with a smooth 1ncrease in quantization no1se 

when a lower number of bits 1s used, whereas for linear quantizat1on 

with 4 bits the speech quality suffers considerably. 

We also found that upto 10% of the pulses could be clipped before 

quantization, without affecting speech quality, compared to quantization 

without clipping. 
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3. MANIPULATING PITCH USING THE MULTIPULSE EXCITATION 

It is well known that people use intonation for the purpose of stressing 

different parts of the sentence they are speaking. In many cases 

stressing different parts of a sentence can change its meaning 

completely. Therefore talking machines must be able to give the proper 

intonation to any sentence they synthesize and speak. Moreover a flat 

intonation is very boring to listen to. 

The change in pitch is achieved by changing the periodicity of the 

excitation function. The pitch versus time graph fora particular 

sentence is called the pitch contour of the sentence. For changing the 

pitch all that needs to be done is to replace the original pitch contour 

by a synthetic pitch contour. The reason why pitch can be changed by 

only varying the periodicity of the excitation without much degradation 

of the speech quality is as follows: fora speaker speaking the same 

sound at different pitches (the time duration of the sound being 

constant) the way the vocal tract moves and the rate at which it moves 

is approximately the same. Therefore the LPS filter parameters that 

model the vocal tract need not be changed when changing the intonation. 

Strictly speaking the mouth cavity does get affected, but the above 

simplification seems to work quite well in practice. 

A lot of work has be done by researchers at !PO on intonation 

grammars for different languages. Their work has also shown that 

replacing the original pitch contour by a very simplified variation 

results 1n a little degradation of speech quality as compared to normal 

synthesis with the original pitch contour. Therefore it 1s possible to 

make simple rules for obtaining synthet1c pitch contours. 

The aim of being able to manipulate the multipulse excitation for the 

purpose of intonation was to improve the naturalness of voices with 

synthetic pitch contours. Because at present large variations of the 

synthetic pitch contour can give it a 's1ng-song' quality. 

Section 3.1 explains how the excitation is determined pitch 

synchronously, because we need to have a fixed number of pulses in each 

pitch period for manipulating the pitch. In section 3.2 we discuss a 

method which takes advantage of the short-term periodicity of the 

excitation to reduce the number of pulses that need to be stored. 

Finally section 3.3 explains the methods we used to change the pitch of 

the multipulse excitation. 
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3.1 Pitch synchronous synthesis of the excitation 

In the pitch synchronous excitation synthesis the frame duration and the 

window lengths are no langer fixed. They vary according to the measured 

pitch at that point. The frame duration in which pulses are to be 

determined is chosen to be equal to the pitch period with a suitable 

window length. Although the frame duration is equal to one pitch period, 

it 1s not aligned exactly with a pitch period of speech, it might start 

anywhere in the pitch period. A given number of impulses are determined 

in each pitch period. We shall call this a pitch complex. Along with 

each frame of filter coefficients we store a number of pitch complexes 

and the pitch. The free running pitch markers are used to mark the pitch 

periods. Pitch periods that start in a particular frame will be filled 

up with pitch complexes from that frame. For example in Fig. 3.1 frame A 

will have 2 pitch complexes stored, which will be used to generate 

pitch-complex#1 and#2, whereas frame B needs to have only one pitch 

complex stored in it. 

For pitch synchronous analysis since the window lengths and frame 

duration are variable we decided to use the fixed weighting filter. This 

was done to avoid problems caused in cases where the window crosses 

filter update boundaries when a time varying weighting filter is used. 

The aim of doing pitch synchronous analysis is to be able to allow 

easy manipulation of pitch by processing the pitch complexes. 

Furthermore similarity between adjacent pitch complexes can be used to 

decrease the number of pitch complexes that need to be stored. For 

example in Fig. 3.1 if pitch complex#1 and#2 had a very similar 

structure then we need to store only one of them in frame A, however, if 

they were quite different then we would need to store bath of them in 

frame A. 

3.2 A pitch complex similarity measure for repeating pitch complexes 

The pitch complex similarity measure used here is basically a 

Signed-Cross-Correlation (SCC) between adjacent pitch complexes. The 

basic idea behind using only a SCC measure is that if the shape of pitch 

complex is the same -by this we mean that the locations of pulses in the 

two pitch complexes being correlated are similar- then the amplitudes of 

the pulses are not expected to change much. This fact could only be 

determined by observing a large number of multipulse exc1tat1on 

waveforms. 

There might be a slight amount of jitter in the locations of the 

pulses between two pitch complexes although the basic shape is the 
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same. Therefore we decided to spread the pulses a bit before computing 

the signed cross correlation measures. For example Fig. 3.2 shows two 

pitch complexes with the same shape except that there is a slight jitter 

between the two shapes. The dotted lines in Fig. 3.2 show how these 

pulses are spread to take care of the jitter before comput i ng the SCC. 

If the SCC exceeds a certain threshold then only one of the pitch 

complexes is stored. 

Suppose we number the pitch complexes as 1,2,3 .. etc. The procedure 

starts by computing the SCC between pitch complex number 1 and 2. If it 

is high then pitch complex 1 is put in place of 2. Then#1 and#3 are 

compared and if SCC is high again#1 is repeated in place of#3. This 

continues until we carne toa complex for which the SCC goes below the 

threshold - suppose this happened at complex number 8. Then#B is put 

and the complexffe becomes the new reference for computing the SCC with 

the pitch complexes that carne after#B. Immediately after an unvoiced 

segment the procedure resets itself and starts by using the first pitch 

complex following the unvoiced segment as the reference to compute the 

sec. 
For unvoiced segments we found that the multipulse pulse excitation 

could still be replaced by random noise. This should only be done for 

truly unvoiced segments and not in segments where there is a mixed 

mode. 

Speech synthesized using repetition of pitch complexes was found to 

have a barely perceptible difference when compared to speech synthesized 

with no repetition of pitch complexes. For high pitched voices the 

reduction in storage of pitch complexes per frame can be quite 

significant. For example if one does not use repet1tion of pitch 

complexes one may have to store 2 complexes per voiced frame on the 

average. Whereas as with repetition one might need to store only one 

pitch complex per voiced frame on the average. 

3.3 Changing the pitch of the multipulse excitation 

Sealing the pitch contour of the synthesized voice, or giving it an 

arbitrary pitch contour does not change the duration of the synthesized 

sentence. Therefore the pitch of the excitation is changed by simply 

expanding or contracting the pitch complex and putting as many complexes 

as can be accornmodated in the voiced segment under consideration. If the 

pitch frequency is increased, th~ voiced segment of the excitation will 

be made of a larger number of pitch complexes; whereas if the pitch 

frequency is decreased, the voi ced segment of the excitation wi ll be 
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made of smaller numbers of pitch complexes. 
~ 

The main problem naw is, naw to determine the new excitation using a 

synthetic pitch contour from the multipulse excitation with the original 

pitch. 

The first method we tried works as follows. The free running pitch 

markers generated using the synthetic pitch (Fig. 3.3) contour are 

generated. The pitch periods that starting in a particular filter 

coefficient update interval are generated from pitch complexes stored 1n 

that frame. Consider the case when the pitch frequency is increased for 

a particular frame. Thus the frame has only one pitch complex stored in 

it because with the original pitch it was required to generate only one 

pitch complex. The new pitch requires it to generate two pitch 

complexes. This is done by contracting the stored pitch complex and 

repeating. In general a voiced frame may have p pitch complexes stored 

in it because it was required to generate that many with the original 

pitch. If the pitch frequency is increased, more than p pitch complexes 

will need to be generated by this frame. What is done is to generate the 

first p complexes by contracting the original complexes, and the 

remaining ones are generated by repeating the last complex in the 

frame. When the pitch frequency is decreased less than p complexes need 

to be generated. The remaining complexes stored in this frame are 

discarded. 

Speech was then synthesized with a synthetic pitch contour using the 

multipulse pulse excitation. It sounded quite natural and did not have a 

sing-song quality which happens with the normal synthesis. There was a 

certain throaty sound in the background which is hard to describe. We 

think the cause for this 1s as follows: in the multipulse excitation 

with the original pith one can hear the sentence - contracting/ expand-

1ng, and repeating / skipping of pitch complexes causes a time mismatch 

between the vocal cavity shape (filter parameters) and the excitation. 

In an attempt to decrease this mismatch another method was used to 

change the pitch of the excitation. In th i s method the pitch markers 

using the new pitch are generated. In Fig. 3.4 the pitch markers us1ng 

the original pitch and the synthetic pitch as shown. The new pitch 

periods are filled with pitch complexes selected from the excitation 

with the original pitch, after expanding / contracting them. That pitch 

period of the old excitation is selected which has the maximum overlap 

with the new pitch period. In Fig. 3.4 complex#1 is selected for period 

A, complex#2 is skipped,#3 is selActed for period B, and#4 for period 
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C. Speech synthesized from the excitation synthesized in this way did 

not result in an improvement over the previous method. There could be 

several reasons why there was no improvement. 

1. may be the time mismatch we aimed to reduce did not get reduced. 

2. may be just expanding/contracting the pitch complexes is not 

enough. It is possible that filter parameters might have to be modified 

a bit. 

3. it is possible that the instead of just repeating or skipping 

pitch complexes to generate the new excitation, we need to construct the 

new pitch complexes by interpolating the amplitudes and positions of 

pulses of pitch complexes of the multipulse excitation with the original 

pitch. This should be done taking care of distortions in the spectral 

envelope of the excitation. 
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fig . 1.2~. Autocorrelat1on function of the voiced speech segment in f"ig . 1.2a. Sote the ~eriodicity. 
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Fi ... 1.2b. Autocorrelation function of the voiced speech seg.-,,ent i n Fig. 1.2a. Sote the ,eriodicity. 
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fi~. 1,óa . Syntheslzed speech wavefor~ of the speech segment shown in fig . 1.2a. The wave(or1113 look totally different. 
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~ï.6 . 1. 10a. H"si<Jual u~al waverorm or the voiced segJnent shown in Fig. 1. 2a. The periodicity is still present. 
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Fig. 2.2a. Autocorrelation of one pitch period of the residual. 
The positions n1, n2 are located by the peak-picking procedure 
described in the text. The correlation values are then used 
to find the amplitudes of the pulses. 

Fig. 2.2b. The extra pulses are located at positions n1 and n2 with 
respect to the main pitch pulse. 



1 
1 
1 
1 
1 
1 
1 
1 
1 
1 

_iL SYNTHESIZED SAMPLES 

--------·-1 1 r-------
MULTIPULSE 
EXCITATION 
GENERATOR 

PULSE LOCATIONS 
AND 

AMPLITUDES 

u n 
LINEAR 
PREDICTION 
SYNTHESIZER 

FILTER 
COEFFICIENTS 

Fig. 2.3. Synthesis model using the multipulse excitation. 

ERROR 
MINIMIZATION 
PROCEDURE 

MULTIPULSE 
~---◄EXCITATION 

GENERATOR 

POSITIONS AND 
AMPLITUDES 

RESIDUAL 
qn] 

EIGHTING 
,___---1"" IL TER 

(Z) 

s t) 

V( n] 

1 1 
L------------ ----------------------- ------- --------------' 
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Fig. 2 . 5a,b , c , d . In t he beginning x[ n ] is generated by the memory of the 
weighting filter. The error v[ n ] is used to compute the 
position of the first pulse. The effect of this pulse is 
subtracted from v[ n ] to give the new error as shown in Fig. 2 . 5b. 
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The error v[n] keeps decreasing4as more pulses are located,however the 
proces~ slow down after about'\,pulses have been located over the 5 ms 
interval. 
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Fig . 2.6. Transfer function of the weighting filter WA(Z) for different values of Y. 
The transfer function of the corresponding synthesis filter is also shown. 
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Fig. 2.10. Window alignments for the time varying weighting filter. 

Case -/i. 1. The coefficients of the weighting filter do not change 
within the window therefore the impulse response of the weighting 
filter for different time indexes n1,n2 is just a shifted version 
of h[ n 1. 
Case -/i. 2. The weighting filter coefficients change within the 
window therefore the impulse response of the weighting filter 
changes with each time index. In the extreme case h[n-n3] the 
impulse response is computed using only coefficients of filter B. 
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Fig. 2 .11 shows the waveforms of original speech, synthetic speech, and the multipulse excitation fora voiced 
segment. Note the periodicity of the multipulse excitation. The excitation here has been synthesized using 
the time V3rying weiglltin1~ filter. The error i::; ,i no i ~P. 1 i k(, 1.r;rn ,-, fnrn 
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Fig . 2 .1 2 . Same as Fig. 2 .11 except that the excitation was synthesizing using the fixed weighting filter D(Z). 
Tlle error is of course larger, but the pulse l ocations are quite similar. 
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