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SAMENVAT.l'ING 

In dit rapport introduceren we het zogenaamde Separate Formant 

Excitation Model (SFEM). Dit model is gebaseerd op een parallel

le implementatie van het LPC-model. Het is nu mogelijk elk 

kanaal en dus elke formant zijn eigen excitatie te geven. In dit 

rapport zijn dat gemanipuleerde versies van het LPC-residu. Het 

blijkt een elegant systeem te zijn voor het doen van perceptie

experimenten. 

Het LPC-residu kan op verschillende wijzen gemanipuleerd 

worden. Als eerste stap hebben we het LPC-residu op een lineaire 

schaal gekwantiseerd en wel apart in een formant, terwij 1 de 

andere formanten onveranderd blijven. Luisterproeven laten zien 

dat de laagste twee formanten met 5 bits gecodeerd moeten 

worden, en dat de hogere formanten slechts enkele bits nodig 

hebben. 

De hoorbaarheid van de kwantisatie is een gevolg van de sterkte 

van de formantsignalen. De signaal-ruisverhouding (SNR) in het 

spectrum is een goede verklaring voor de perceptieve resultaten 

voor verschillende klinkergeluiden. 

De resultaten kunnen echter nog niet in zijn geheel verklaard 

worden m.b.v. de SNR in het frequentiedomein. 



Abstract 

In this paper we present a Separate Formant Excitation Model (SFEM) . This model is based on the 

para llel implementation of the LPC model of speech production. However, each parallel branch can have 

its own excitation , which is a manipulated version of the LPC residuals. It proves to be an elegant 

framew ork for doing perception experiments. The residuals can be manipulated in several ways. As 

a prelimin ary step , we quantize the LPC residuals in one formant channel on different linear scales, 

while leaving the excitations in other formant channels unchanged. Perceptual tests show that we need 

approxim ately 5 bits to encode the excitation of the lower two formants and a smaller number of bits 

for t he higher fcrmants. This coding accuracy depends on the energy of the formant signals . The SNR 

in frequ ency domain is a good basis to understand the listening test results in relation with a particular 

vowel sounds. Both the minimum and the shape of the SNR curves have to be taken into account . The 

results of the listening test can not be completely understood by considering the minimun of the SNR of 

the st imuli . Further research should be carried out . 



The Separate Formant Excitation Model -A 

Quantization Approach 

0. MA AND L . F . WILLEMS 

The framework of SFEM 

The source filter model is widely accepted in speech research as an acoustic analog of the speech production 

process l 1]. In this model a vocal tract is considered as a filter and it is characterised by its resonant 

frequencies , bandwidths and amplitudes. In analysing the properties of the vocal tract several methods 

have been rn,ed to derive the parameters of the latter. Among these is the popular LPC method. The 

all pole model that is used in LPC analysis, is essentially a cascade connected structure: All the zeroes 

of the predictor or the formants are put in cascade. In such a structure it is difficult to manipulate the 

synthesised signa! in a limited frequency domain, particularly, in the domain of one separate formant. 

In this paper we present the Separate Formant Excitation Model as a means of performing perceptual 

experiment 13]. This model can simply be derived from the cascade formant model by partial fraction 

expansion a nd can be used easily for manipulation of separate formant signals. By partial fraction 

expansion l2J one can find : 

N J o "ma.n.t, 

Il 
1 

(1) 

The two structures , the cascade and the parallel , are id entical If the residual signa) is the input of this 

parallel structure, the speech sound that is produced , is identical to the input speech. As shown in figure 1, 

each formant signal can be manipulated separately. We present this Separate Formant Excitation Model 

as a. fr amt' work to study t he speech signa] in detail and t,o perform perception experiments with different. 

kinds of signa! manipulation, e.g. quantizing, adding noise , reducing the separate formant excitation to 

multipulse or monopulse excitation , etc. In this paper we will study the quantization of the residual in 

separate formant channels. 
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The LPC-filter l/A(z- 1
) is replaced by the parallel branches with B; = (l+;;·zt.1~~:;

1

%-2)' Each 

separate formant filter B; is excited by the separate formant excitation (SFE) and outputs the separate 

formant, sign a) (SFS) . 

Figure 1 is here. 

In figure 2 we show the spectrum of transfer function of these parallel branches B;. 

A quantization approach 

In this paper we present the results of our first experiment with the SFE model. We have quantized 

the residuali; on different quantization scales to produce the different excitations, As a first step to study 

the SFE model , we studied the effect of quantizing the residual in one separate formant channel, while 

leaving the residu al of the other channels unchanged . Here we have assumed that all the computations and 

memory are of infinite precision. The linear scale is used to quantize the LPC residuals. The number of 

bits used to encode the residual ranges from 1 to 11 bits. When quantizing with 11 bits, the quantization 

noise is completely inaudible. We have chosen 3 vowel sounds, (i.e.,/u/,/i/,/a/), as stimuli . 

Listening tests and results 

Listening tests were carried out to investigate the effect of quantizing the excitations. Eight people from 

our group . wit.h good hearing, joined in this experiment. Three vowels,/u/,/i/ ,/ a / , sarnpled at lOkhz 

frequency and qu antized with 12 bit precision, with durat ion 256 ms, 484 ms and 510 ms, respectively, 

were chosen . Conditions of the LPC analysis were as follows . Five formants were considered . The 

preemph as is para meter was -0.9 and t he window length 25,; samples . The window was rnoved forward 

100 samples every time . Residuals were obtained by inverse filtering . We quantized each of the five 

excitatiom with a bit number from 1 bit to 11 bits and kept the others unchanged. The stimuli were 

played back through a 12 bit D / A convertor and Pioneer Monitor 10 headphones. Subjects were asked 
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to compare the original eound and a manipulated vereion. A training 11es11ion con11i11ted of 10 preliminary 

trials. A set of pilot listening tests was performed to make a balanced selection of the stimuli that were 

apparently different or not from the original sound. Subjects were told beforehand that the probability 

of there being the same stimuli in a pair was a little bit larger than 50 percent. The subjects listened 

binaurally over headphones in a sound proof room and compared 150 pairs of sounds, produced by 

different quantization scale. In these 150 trials each stimulus pair was presented five times. The order 

of presentation was randomized. The stimuli were played back in a comfortable sound level. We <lid 

not control for the order of the stimulus pair in each trial, because if subjects perceive a difference ( any 

perceptual difference) they should be able to order them. The manipulated stimulus has lower quality if 

the noise is audible . 

The figures 3 and 4 show the results of the listening test. In each panel, the vertical axis denotes the 

percentage of yes-response ( difference being perceived). The horizont al axis denotes the signa! to noise 

ratio (SNR) of the input (in fi.gure 3), or of the output ( in fi.gure 4). We calculated the signa] to noise 

ratio of the input as a function of the number of bits used to encode the residuals. They were shown 

in figure 5. Figure 4 also implicitly shows the energy distribution among the formant signals. When 

quantizing was carried out in the different channels with the same S N R of the input, some stimuli got 

a much higher S N R, and some stimuli got a lower S NR. The peaks and the shape of the spectrum in 

figure 2 are reponsible for the difference in the S N R of the formant signals . We found that in the linear 

quantizatio11 sca.le the excitation in the first and the second formant should be encoded by 5 bits, whereas 

fewer bits may be used for the higher formants . 

Two subjects also r sened to stimuli /i/ that were produced by adding white noise to the LPC residual. 

We presented the results in figure 6. The results were quite different from those of the quantization 

implementation. Possibly, in this case the noise was not correlated with the LPC residual, so that the 

harmonie structure in the speech spectrum was corrupt.ed bv the white noise. For exa.mple, the pitch of 

the sound wa.s cha.nged in some portions of the sound. The ear perceives the difference by performing a 

time analysis. 
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Discussion 

In the above experiment, we found that a small number of bits, for example five, are sufficient to encode 

the excitations of the first two formant filters and an even smaller number of bits suffices to encode the 

excitations of the high formant filters . This can be explained from the signa! to noise ratio in the sounds. 

In the process of quantizing the residuals, quantization noise is produced, which is correlated with the 

residual signals when a small number of bits(< 5 bits) is used [1]. That means the spectrum of the noise 

has the same harmonie structure as the residuals and the speech. This is different from the case in which 

white noise is added to the residuals . In the present paper only the quantization noise is considered . 

Although the speech sound is always degraded by the manipulation, i.e. by the quantization, the 

quantization noise is not always audible. According to psychoacoustic theory, masking effects would 

be responsible for these effect . there exist two kinds of masking: simultaneous masking and tempora! 

masking [4 ]. Here we only consider simultaneous masking (i.e . frequency masking), although tempora! 

maskings is present in our experiment. 

When a sound reaches an ear, a spectrum analysis is performed. Psychoacoustic experiments have 

shown that human ears are relatively insensitive to phase variations, hut the quality of the speech sound 

can be changed by phase manipulation [7] . The amplitude spectrum is much more important perceptually. 

Hence we concentrate here on the amplitude spectrum of stimuli. Figure 2 shows the spectra of the 

transfer functions of these separate formant filters in the vowel sounds used. It can be seen, that the 

spectra of the t r ansfer function of these filters overlap considerably. Therefore, the quantization noise is 

a wide band signa! and it can be masked not only by the formant signa! itself which is the output of its 

own branch, hut. also by the sum of the other four form ant signals isee figures 1 and 2]. 

In this experiment , we adopted the quantization scheme to derive the different excitations. From fig . 

1, the outpu t of the system is denoted by 

N J . .. .,1,1 , 1 : 

Y(Z) = Y(Z) + L ci X , (Z)B;(Z ) (2) 
i=l 

where Y (Z) is the Z transform of the original speech signa!, l:.X;(Z) is the Z transform of the quantization 

noise signa! of the i th formant filter . If no manipulation is made in the ith formant filter, then l:.X;(Z) = 

0. 
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lf we assume that the residual and the no1se are stationary processes, we can have the following 

equatiom. 

(3) 

and 

(4) 

where Sy (w) and St::,.y (w) represent the power spectrum of stimulus and the output of quantization 

noise , respectively, and Sx (w) and St::,.x (w) repreeent the power spectrum of the residuale of the LPC 

filter and the quantization noise, respectively. H(w) is the transfer function of the LPC system without 

de-emphasis. Therefore the signal to noise ratio of the stimulus in the frequency domain is 

On the logarithmic scale we have 

Sy(w) 
St::,.y(w) 

IIH(w)ll2 Sx(w) =~~~---~-
IIB;(w)ll2 St::,.x(w) 

Sy (w) IIH(w)ll2 Sx(w) 
lOlog St::,.y(w) = lOlog IIB;(w)ll2 + lOlog St::,.x(w) 

(5) 

(6) 

The signa! to noise ratio of the stimulus, ;c;Y (wl l 
1
, is thus determined by two components. The input 

.. "\ö.Y W 

signa! to noise ratio, /xlwl ll, is the same for all formant filters for the same quantization scale. Also, both 
L L:::.X w 

Sx(w) and S6 x(w) are two flat spectra with the same harmonie structure, and can be considered to be 

independent. of frequency (i.e., a constant) . Therefore, the signal to noise ratio, s:x:~~ 
1
, is approximately 

equal to the SN R in the time domain,(i.e ., t:~ ). The difference lies in the ratio of the power spectrum 

of the transfer fun ct ion, ~.~:w,:. The signa! to noise ratio in the output is increased or decreased by the 

same amount of db as that in the input in the whole frequency range. In figure 7 we plotted these ratios 

of the power ~pectrum of the transfer function for different formant filters . The figure shows peaks and 

valleys. A vall ey means a lower signal-to-noise ratio and a peak means a higher signal-to-noise ratio . 

Th e lowest valley means the worst situation in the signa! to noise ratio. When the lowest valley in the 

curve is a bov,, rnme threshold [5], presumably, the distortion in the speech sound can not be perceived. 

In figure ï , we see that for all the three vowels the fifth formant filter shows the highest ratio in most of 

the frequency region, hut there is the lowest ratio in most of the frequency region for the first and the 

second form ant filter. Take the first formant filter of stimulus / u/ as an example, the curve for the first 
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formant filter has the lowest valley -lOdb of the five curves. H we choose 8 db as a masking threshold, 

the total amount. calculated from equation (6) is 18db. This amount of signal to noise ratio is a value of 

SNR from the input at point of 50 % of percentage of yes-response [see fig. 3]. This SNR means that we 

should en code the residuals with 5 bits [see fig. 5]. In the same way, the maaking threshold of the first 

formant is approximately 16db for both /i/ and /a/ sounds. 

The masking thresholds are different between these vowels . Two reasons could be reponsible for the 

difference . ( 1), envelope of Spectra of the residuals are not ideally flat. (2) profiles of the spectrum of 

the SNR are different . For example, a large portion of the curve of the first formant for vowel /i/ is quite 

low. 

The human ear can better resolve the lower formant frequencies than the higher one!I. Frequency 

masking is frequency dependent . This phenomenon can be described by a critica! band concept. A 

critica! band defines a bandpass-filter-like frequency range through which two competing sound signals 

pass energy. The sound with higher energy within the critica! band dominates the perception and masks 

the other sound. In accordance with critica! band theory, we warped the spectrum into a Bark scale, in 

which one bark covers one critica! band, by substituting formula 

with 

a = 0.47 

into the filter model l9], z and w being two complex variables . So the speech sound signa! with 5KHz 

cu toff frequency covers about 19 barks[lO] . 

The signa! to noise ratios on this Bark scale are plotted in figure 8. It gives amore realistic represen-

tation of t he SN R curves. 

The fi gure shows that a large portion of the curves for t.he first formant. and the second formant has 

the lowest SNR value in five curves . Roughly speaking , they need larger signal to noise ratio on the 

input side. 

6 



Conclusion 

The separate formant excitation model is presented here and proves to be an elegant framework for 

doing perception experiments. The main conclusion to be drawn from the listening experiments with 

quantizing the LPC residuals in one formant channel , while leaving the excitations in other formant 

channels unchanged , is that we need approximately 5 bits to encode the excitation of the lower two 

formants and a smaller number of bits for the higher formants. This coding accuracy depends on the 

energy of the formant signals. Formula (6) is a good basis to understand the listening test results in 

relation with a particular vowel sounds. Both the minimum and the shape of the SNR curves have to 

be taken into account. The results of the listening test can not be completely understood by considering 

the minimun of the SNR of the stimuli, /Y (w( 11. Further research in this area must be carried out. 
'- 6Y W 
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