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ABSTRACT 

A PRONY SPEECH PROCESSING TECHNIQUE 

Thomas J. Scanio, Jr. 

A method for speech processing is presented. The 

method does not require voiced/unvoiced or pitch deter¬ 

mination. It models the sampled speech wave as a conca¬ 

tenation of initial segments of unit pulse responses of 

linear, time-invariant, recursive discrete time systems. 

The poles of the systems are calculated by Prony1s method 

applied to blocks of speech samples. The zeroes are 

chosen to zero the error between the speech wave and the 

first output samples of each system. 

The analysis phase proceeds as follows. After an 

initial block of unit pulse response, the system output 

samples are compared with the speech samples and the 

system continues to function until the error between the 

two grows too large. At this time the next block of 

samples is used to calculate a new system and the process 

continues. The parameters describing the speech are thus 

the system parameters (poles and zeroes, for example) and 

the number of output samples taken from each system. 

This information is quantized to produce a bit rate for 

the process of 20 kilobits/second. 



The approximate speech is synthesized by implementing 

each system sequentially, applying a pulse to the input 

and concatenating the required number of output samples to 

the samples from previous systems. The speech obtained 

is very noisy, but it is intelligible and speakers can be 

recognized. A demonstration tape is available from Dr. T. 

W. Parks of the Electrical Engineering Department. 

The entire analysis and synthesis procedure for 8 kHz 

sampling runs in 145 times real time on a Burroughs B-5500 

computer with an ALGOL program. It is estimated that this 

is fast enough to be done in real time by a special purpose 

processor. 
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A PRONY SPEECH PROCESSING TECHNIQUE 

I. INTRODUCTION 

A. Introduction 

The term "speech processing" is defined as the 

characterization of the speech wave by a set of parameters 

which, when manipulated properly, give an approximation to 

the original speech. The method presented gives a tech¬ 

nique for calculation of these parameters and reconstruc¬ 

tion of the approximate speech wave. This method is called 

a Prony speech processing technique. The term "Prony" is 

in reference to Prony's method [1], a procedure for finding 

exponents to fit an approximating function of the form 

where a.'s are real, constant scalars, 
3 

to a given signal, y(t). A version of this method is 

utilized to find poles for digital systems approximating 

the speech wave. 

In judging the usefulness of a speech processing 

method, three factors are of prime concern. The first is 

processing time. Can the calculation and reconstruction 

be done in real time? Another factor is whether the 
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information rate, or, for digital techniques, the bit rate, 

is low enough to be practical. The last factor is the 

fidelity of the processed speech. Is it intelligible? 

Can speakers be recognized? 

In a later section, different methods of speech pro¬ 

cessing will be discussed in light of the definition and 

criteria for usefulness established here. However, in 

order to provide a background for these methods, the phy¬ 

sical mechanism of speech production will be discussed in 

the next section. 

B. Physical Mechanism of Speech Production 

A sketch of the human vocal apparatus is given 

in Figure 1. [2] 

tjflsUL 

Figure 1. The human vocal apparatus. 
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The vocal tract is the tube extending from the vocal cords 

to the lips. An auxiliary tube, the nasal tract, may be 

coupled to the vocal tract by the action of the velum. 

Sound is produced by air flow through the vocal and 

nasal tracts. Speech is composed of voiced and unvoiced 

sounds. Voiced sounds are produced by excitation of the 

vocal-nasal tract with quasiperiodic pulses of air formed 

by vibration of the vocal cords. For instance, the utter- 

ence "one" is completely voiced and the vocal tract exci¬ 

tation (vibration) can be felt by placing one's hand over 

the glottis. Unvoiced sounds do not have this excitation. 

For instance, the "f" sound in "from" is unvoiced, and 

the lack of glottal vibration can also be shown by the 

same method. 

Vowels are completely voiced with the vocal tract 

in a stable, open configuration and with negligible nasal 

coupling. Consonants can be either voiced or unvoiced 

and can also be subdivided into fricative, plosive, nasal, 

glide, and semivowel sounds. Fricative sounds are pro¬ 

duced by excitation of the tract with turbulent air flow 

through a constriction in the tract. For instance, the 

"f" sound in the utterance "fricative" is a fricative 

sound. The constriction in this case is formed by the 

upper teeth and lower lip. Plosive sounds are produced 

by closing the tract, building up air pressure and then 
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releasing it. For instance, the "p" sound in "plosive" 

is a plosive sound. The tract is closed and then opened 

at the lips. Nasal sounds are normally voiced with the 

vocal tract completely closed and the nasal tract pro¬ 

viding the main transmission channel. For instance, the 

"n" sound in "nasal" is a nasal sound. Glides and semi¬ 

vowels are consonant sounds which closely resemble vowel 

sounds. For instance, the "w" sound in "we" is a glide 

and the "r" sound in "read" is a semivowel. 

The timbre or quality of speech is governed by the 

time-varying resonances (formants) of the vocal tract. 

The resonances are generated by the particular shape of 

the tract. This shape is controlled by the action of the 

lips, jaw, tongue and velum. 

C. A Digital Model of Speech Production 

A popular digital model for speech production 

is the one shown in Figure 2. [2] The sound sources and 

vocal tract shape are modeled separately. 

The speech samples are assumed to be the output of 

a time-varying digital system. This system approximates 

the transmission properties (resonances) of the vocal 

tract. Since the shape of the tract changes slowly in 

continuous speech, the system usually has time-invariant 
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PITCH PERrob DiQTflt SYSTEM coerr/CIGHTS 

AnPLiTUte 

Figure 2. A digital model for speech production. 

characteristics for small periods of time. 

For voiced speech, the system is excited by a 

periodic pulse train, the frequency of which matches that 

of the vocal cord excitation. This frequency is called 

the pitch frequency. For unvoiced speech, the system is 

excited by a random number generator producing noise. 

In both cases, the amplitude control regulates the system 

input. 
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Speech processing is a problem in speech analysis 

and synthesis. With this model, the problem in analysis 

is to estimate the system parameters from the sampled 

speech wave. Once the parameters are specified, the 

model may be constructed and used for speech synthesis. 

D. Other Processing Methods 

1. Vocoders 

The first relatively successful method of 

speech processing was the Vocoder [3], and the original 

version (an analog one) of the process is discussed here. 

The sound sources and vocal tract shape are treated 

separately, as in the general digital model of the pre¬ 

vious section, and, indeed, the analog Vocoder model has 

the same setup as the general digital model. A block 

diagram of the original Vocoder is shown in Figure 3. 

The excitation is measured by the frequency dis¬ 

criminator and meter, which measure the fundamental fre¬ 

quency (pitch) of voiced speech. Since unvoiced speech 

normally has insufficient power in this range to operate 

the meter, this branch also indicates whether speech is 

voiced or unvoiced. A 25 Hz low pass filter smooths the 

pitch signal (a voltage proportional to the fundamental 

frequency). 
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frfcgQue/OCy HfiNGS. 300-3000H2 /w 300 Hz 5T£P5 

Figure 3. The original Vocoder apparatus. [3] 

Tract resonance information is obtained by the 10 

spectrum channels in the. lower part of the figure. Each 

channel contains a band pass filter, a rectifier and a 

low pass filter. The output of each channel is the short- 
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time amplitude history of the speech signal in the range 

of the band pass filter as windowed by the low pass filter. 

Thus, the output of the entire channel bank is the short- 

time amplitude spectrum of the speech wave as measured by 

the "grid" of filters in the bank. 

The parameters describing the speech are then the 

outputs of the spectrum channel and the excitation infor¬ 

mation. 

The equalizers shown preemphasize and deemphasize 

the speech so that, during channel analysis, it has equal 

power in each of the spectrum channels. This allows 

efficient quantizing for digital transmission and pro¬ 

vides a high signal to noise ratio. 

Reconstruction of the speech is accomplished by 

applying, according to the excitation information, either 

a pulse train of the pitch frequency (for voiced speech) 

or a broadband noise (for unvoiced speech) to an identical 

set of band pass filters. The filter outputs are ampli¬ 

tude modulated by the spectrum signals and combined to 

reconstruct the speech. 

This is the original Vocoder operation. There have 

been many different versions of this method. The number, 

spacing, bandwidth, selectivity, etc., of the filters 

have been varied. Different methods of voiced/unvoiced 
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determination and pitch determination have been tried. 

Correlation vocoders have been built which do essentially 

the same operation, but in the time domain. [4] Formant 

vocoders use variable filters to try to match the vocal 

tract resonances more closely. [5] 

Some Vocoder systems, such as the original one, can 

operate in real time. For digital transmission, the bit 

rate can vary from 1 to 5 kilobits/second, and in some 

instances, the reconstructed speech is quite intelligible. 

However, all Vocoder processed speech is perceptibly 

degraded in naturalness and has a machine-like quality. 

2. Pulse Code Modulation 

Another method of speech processing is 

simple pulse code modulation (PCM) of the speech wave. 

The parameters which describe the speech are binary bit 

streams derived from the speech samples. 

Since this method utilizes no knowledge of the 

speech producing mechanism, it cannot be described in 

terms of the model of Section (I,C). However, a typical 

system, specified by the CCITT (International Telephone 

and Telegraph Consultative Committee) is shown in block 

diagram form in Figure 4. [6] 

The speech is low pass filtered to 4 kHz and then 

sampled at 8 kHz. The individual samples are quantized 
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Figure 4. A PCM speech processing system. 

to 64 levels in the modulator. Thus, each sample is 

described by a seven bit word (6 bits for quantization 

and 1 for sign). These words are transmitted to the 

demodulator where reconstruction takes place and, after 

low pass filtering, the processed speech emerges. 
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This process is done in real time. However, for 

telephone quality reconstruction, the bit rate is high — 

56 kilobits/second in this example [(8000 samples/second) 

x (7 bits/sample)]. 

3. Delta Modulators 

A popular method of speech processing is 

that of delta modulation, a variation of straight PCM. 

A general block diagram of this method appears in Figure 5. 

TRANSMIT 

Figure 5. A general delta modulation speech 

processing system. 
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The system operation is as follows. At intervals specified 

by the clock, the speech input is compared with the pre¬ 

dictor output. The resulting error samples are fed back 

to the predictor to enable it to update its output for the 

next comparison. The error samples are also quantized and 

transmitted as in regular PCM. Upon reception, the error 

information is used to drive an identical predictor, the 

of which, after low pass filtering, is the processed speech. 

Since this method does not model the vocal tract, 

it cannot be placed in the framework of the model of 

Section (I,C). However, delta modulation can be "tailored" 

to process speech by design of the predictor. In fact, if 

the predictor is well matched to the speech signal, then 

the dynamic range of error samples could be much less than 

the dynamic range of the speech. Hence, quantizing to the 

same number of bits would lead to greater overall system 

accuracy. However, a distinct disadvantage of this method 

is that the predictor may not change with time. 

A "single integration" delta modulation system is 

now presented in more detail. [6] Single integration 

refers to the predictor, which has one integrating network. 

A block diagram is shown in Figure 6. The following des¬ 

cription of the system is essentially that given in [6]. 

In operation, the analog input is compared with the first 

integrator output. At intervals specified by the clock, 
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the comparator output, either a 0 or a 1, is stored in 

the flipflop and controls current through the integrating 

network so as to raise the output level if it is less 

than the speech level or lower it if it is greater than 

the speech level. The parameter describing the speech 

is the flipflop state, which tells whether the integrator 

output should be raised or lowered. After transmission 

this data is used to control a similar current switch and 

integrating network the output of which, after amplifica¬ 

tion and low pass filtering, is the processed speech. 

SPEECH IN 

I WTEG RfiTlNG 

NET(AH>&K 

CopIpfiRRTbR F-r CUR/taNT 

SWITCH 

C4.0C.K 

•TftA/'JS’Mir 

PRocessEt) SPeacH ot17- 

Figure 6. A single integration delta modulation 

speech processing system. 



14 

Improved systems of this type include double inte¬ 

grations and various means for extending the dynamic range. 

Delta modulation has produced intelligible speech at data 

rates of 20 kilobits/second with real time processing. 

4. Linear Prediction of the Speech Wave 

This method was devised by Atal and Hanauer 

[7]. In it they utilize all the information given in 

Section (I,B) concerning speech production and other speech 

information as well. 

For nonnasal voiced speech, the transfer function of 

the vocal tract has no zeroes [8]; hence the tract may be 

modeled by an all-pole (recursive) filter. Zeroes as well 

as poles are usually present in the transfer function for 

unvoiced and nasal speech. However, these zeroes lie 

inside the unit circle in the Z-plane [9], and may be 

approximated by multiple poles in the transfer function 

denominator. 

Since the vocal cords are not ideal pulse generators, 

a glottal transfer function is considered and is repre¬ 

sented as a two pole filter with no zeroes. Also, radia¬ 

tion from the mouth is represented by adding a single zero 

to the overall transfer function. This zero is also 

approximated by poles in the denominator. 
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With this analysis, the entire speech producing 

mechanism is represented by an all-pole digital filter. 

In the time domain this means that the output sample is 

a linear combination of previous output samples plus the 

excitation sample, i.e., the filter is a predictor. The 

transfer function for this type of filter can be written 

as 

Voiced/unvoiced and pitch determinations are 

carried out and the rms value of the speech wave is 

calculated. The parameters describing the speech are 

thus the predictor coefficients (a^'s), the voiced/ 

unvoiced parameter, the pitch and the rms value. With 

these parameters, the method shown in Figure 7 is 

implemented. The synthesizer part of the diagram closely 

resembles the model in Section (I,C) with a pulse genera¬ 

tor for voiced and a noise generator for unvoiced speech. 

The parameters are updated every pitch period for voiced 

speech and every ten milliseconds for unvoiced speech. 

(2) 
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Figure 7. A linear predictor speech processing 

system. [7] 

It is interesting to note that the method used for 

calculating the a^'s of the predictor (by minimizing an 

"average" error over the predicted speech samples) results 

in exactly the same equations as Prony's method for find¬ 

ing the denominator coefficients of the transfer function 
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of a recursive digital filter, the pulse response of 

which approximates the speech samples by minimizing a 

Prony type error [see Section (II,B) ] . 

In fact, Markel [10] has shown that the same 

equations result from such diverse ideas as maximum 

likelihood estimation theory, linear prediction theory, 

Prony's method, Weiner filtering, predictive deconvolu¬ 

tion, spiking filter design, recursive filter design 

and optimal control system design. 

5. Homomorphic Processing 

The explanation of this method is essen¬ 

tially that of Schafer [2]. Homomorphic processing is 

a means to separate signals combined by multiplication 

and convolution. Its use in speech comes from the 

assumption that, since the vocal tract is slowly varying, 

short segments of speech can be represented by convolu¬ 

tion of the excitation waveform with a time invariant 

vocal tract impulse response. In the discrete time 

representation, this becomes the discrete convolution 

of samples of the excitation with the tract pulse response. 

With reference to Figure 8, if the discrete time 

signal A is such a sequence, then the DFT of A (B in the 

figure) is the product of the DFT of the excitation wave¬ 

form and the DFT of the vocal tract pulse response. 
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Taking the logarithm of the magnitude of B, one obtains 

C, the summation of the logarithms of the magnitudes of 

the excitation waveform and vocal tract pulse response. 

The IDFT of C (a linear operation) yields the sum of the 

inverse transforms of the log magnitudes, D. D is called 

the cepstrum of the processed speech segment. (The data 

window which multiplies the speech is a Hamming window 

to improve the estimate of the spectrum.) 

The importance of this technique can be seen in the 

representative plots of signals A, C and D in Figure 8. 

The additive combination of terms from the vocal tract 

and excitation do not overlap in the cepstrum. For 

voiced speech, the slow time variation of the vocal tract 

is represented as the activity from 0 to 2 milliseconds 

in the plot of signal D (the cepstrum) and the strong 

peak at around 8 milliseconds is due to the pitch exci¬ 

tation and its distance from the origin (the 8 milliseconds) 

is the pitch period for that voiced segment. In the 

unvoiced plot of the cepstrum, the changing vocal tract 

is evident, but there is no pitch signal, as would be 

expected. Hence, determination of the pitch period and 

voiced/unvoiced determination can be made from the cepstrum. 
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A method for formant estimation can be devised by- 

observing the plots of signal C for voiced and unvoiced 

speech. The plots contain a rapidly varying component 

(due to excitation) superimposed on a slowly varying 

component (due to the vocal tract). Since the rapidly 

varying component is due to excitation, it can be eli¬ 

minated in the cepstrum by multiplying by a cepstrum 

window to pass the short time components. Taking the 

DFT of the windowed D signal gives signal E, also plotted. 

Indeed, the smooth vocal tract information remains. The 

formants and their bandwidths can now be estimated from E. 

The pitch, the formants and their bandwidths are 

the parameters describing the speech. Processed speech 

may then be synthesized with a system similar to the one 

in Figure 9 . 

Figure 9. Homomorphic speech synthesis. 
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The system shown resembles the general model 

proposed in Section (I,C). 

The homomorphic (or cepstrum) processing method 

produces high quality speech with a bit rate of 600 

bits/second. However, it cannot now be done in real 

time. 

E. Brief Description of the Method Presented 

The model for speech production used in this 

method is shown in Figure 10. It is a variation of the 

general model of Section (I,C). 

PURSE Recuesiue 
6EtJ£kRToR. ? 

MG/m SVSTEiv\ 

PRocESSEl) 
SPEECH snmPLes 

Figure 10. Speech synthesis system for method 

presented in the thesis. 
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The basic difference between the two is that this model 

lacks the noise generator for unvoiced speech and the 

pitch information for voiced speech. The transfer func¬ 

tion of the recursive digital system has both poles and 

zeroes and the parameters describing the system are 

recalculated before the application of each pulse. The 

method of calculation is a Prony type procedure developed 

by Burrus and Parks which finds the transfer function of 

a digital filter whose pulse output approximates a seg¬ 

ment of speech samples. 

The model above treats the vocal tract during 

speech production as a linear, quasistationary system 

excited by pulses. This model is chosen because, as 

discussed before, voiced speech is produced by pulses 

of air from the glottis being forced through the vocal 

tract, the shape of which is slowly varying (with respect 

to the repetition rate of the pulses). 

If this model is adequate then voiced speech samples 

between glottis excitations should look like linear com¬ 

binations of geometric sequences. If there were a way to 

excite each new processing system with a pulse at a point 

corresponding to a glottis excitation, then the system, 

if large enough and accurately calculated, might adequately 

describe the speech wave until the next excitation. 



23 

A basic idea behind this method is that a sum of 

geometric sequences (or exponentials in the continuous 

case) is still a sum of geometric sequences, even if 

observed at a starting point different from the origin 

of the waveform. Figure 11 will give an example of 

this point. 

Figure 11. Viewing an exponential waveform at 

a point past its origin. 
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Hence, for voiced speech, one could hopefully start 

approximating the wave at any point by taking a block 

of samples and deriving the system parameters from it. 

If this block was from a time between glottis excita¬ 

tions, as shown in Figure 12, then the system should be 

able to track the speech waveform until the next exci¬ 

tation, and the process would be locked in. 

Figure 12. Sample block taken between glottis 

excitations. 
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If, however, the block were taken during a glottis 

excitation, as in Figure 13, then the system would approxi¬ 

mate that block as well as it could, but one would not 

expect system outputs past that block to bear much resem¬ 

blance to the speech wave. So, by monitoring the error 

past the initial block, one would see that the choice was 

bad, take the next block of speech and try again. Then 

if the blocks were not too long (or the excitation period 

too short), the next block would be as in Figure 12; the 

system could track until the next excitation and be locked 

in from there. 

bL'x.ktfikzd 

Figure 13. Sample block taken during a 

glottis excitation. 
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This is the philosophy of the technique presented 

here. It starts by taking the first block of speech, 

calculating the system and watching the error after the 

first block of system output. When the error becomes 

too large, then a new system is calculated. 

The argument presented is valid only for voiced 

speech. Atal and Hanauer [see Section (I,D)] have 

successfully modeled unvoiced speech as noise passed 

through an all-pole digital filter. The addition of 

zeroes to this system could provide spectral balance 

needed for approximating unvoiced speech with a system 

excited by pulses. Also, since the system will at times 

be approximating speech blocks containing excitations 

at places other than the beginning of the block, an all¬ 

pole model again may not be adequate. 
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II. THE METHOD PRESENTED 

A. General Description of the Method 

A brief description of the method presented in 

this thesis follows. The incoming speech is first low 

pass filtered and sampled. The resulting samples are 

then used to calculate linear, time-invariant, digital 

(single-input, single-output) systems. These systems 

have the property that their pulse responses closely 

resemble the blocks of speech samples which were used to 

calculate them. 

A block of samples is used to calculate a system. 

After an initial block of pulse output, system samples 

are compared with the speech samples and the system pro¬ 

vides outputs until the error between the two grows too 

large. Then a new system is calculated from the next 

block of speech samples and the process continues. A 

block diagram is shown in Figure 14. 

The parameters which characterize the speech are 

the coefficients of the recursion equation for each 

system and the number of samples used of the pulse output 

of each system. Reconstruction of the approximate speech 

wave consists of implementing each recursive system 

sequentially, applying a pulse to the input and conca¬ 

tenating the required number of output samples to the 
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previous samples. This train of output samples is then 

D/A converted, low pass filtered, and the output is the 

processed speech. 

As a side benefit, the processing parameters also 

contain enough information to determine the first major 

formant of the vocal tract during speech production and 

the pitch period of voiced speech. 

B. Prony Determination of System Parameters 

As was described in the introduction, this 

technique represents the sampled speech wave as a con¬ 

catenation of segments of pulse outputs of linear, time- 

invariant, discrete time systems. These systems may be 

represented by transfer functions of the form, 

where the a and b coefficients are real, constant scalars. 

This corresponds to the recursion equation 

(3) 
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K + ^t-l + '- ‘ + — (4) 

Cfc +q, ^CK.( + •■•+ qN„! /^K.(v-/) 

A system of this form is completely described by the 

a and b coefficients. In this processing technique, the 

coefficients are determined by a Prony type procedure 

developed by Burrus and Parks. [11] In order to establish 

the background for this procedure, the original Prony 

method for continuous time signals will be presented first. 

The original version of Prony's Method [1] dealt 

with fitting an approximating function of the form 

where y(t) is the approximation to some function y(t), 

through 2n points of y(t). Gillmore [12] has one of the 

clearest explanations of this method and it is repeated 

here. (It is assumed that the points are taken at 

t = 0,1,...,2n-l .) 

(1) 
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The set of equations resulting from the interpolation 

is 

s . 
Let z. = e ^ and determine the a.'s and z.'s . The 

3 3 3 

equations now become 
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Although the equations are nonlinear, there are 2n 

equations with 2n unknowns. Now let the z_. be roots of 

the algebraic equation 

a-^+<^.l^
l+---t-(!7z + (rz = o <?> 

where the cr. ' s are real scalars and or = 1 (without loss 
3 n 

of generality). 

Now, each of the first n+1 equations is multiplied 

by the corresponding to yield 

07 (£ * * • * * 07 

QT2, orzA : 
<r0/i(o) 

(8) 

Vn-Z, *n 
^2 

<n. 

Sum both sides and require (7) to hold. This yields 

+ - + 67 y.0) + <%y(°)= O (9) 
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If the same procedure is done to consecutive groups of 

n+1 equations, the following set of equations results 

f(>) 
» 

• • 

•'Affa'l) 

9 

# 

% 
0 

m 

0 

    

fM 
• 

yM-) * * 

# 0 

4 

0 

0 

ffen-') 

(10) 

using the fact that <7^=1 . The aj ' s 

Equation (7) is then factored for the 

solved for the a.'s. 

are solved for. 

zj1s. Then (6) is 

3 

This method interpolates to 2n points. Nothing is 

said about the closeness of fit of any other points. 

Note that the nonlinearity involved is transferred to 

factoring a polynomial and the rest of the work involves 

only linear equations. 

The particular version of Prony's method used here 

is that of Burrus and Parks. [11] This method solves for 

the coefficients of the recursion equation of the form 
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TA+ fa-l + ' ■ ' + tyk-(«-l) 
(11) 

* V-A+ <7,4k-i+■ ■ ■+q„., 0^_ (w.,) 

when is a unit pulse 

1, l=o 
Oy ofhzRWlsG. 

(12) 

and fits the recursion equation to data samples 

k=0,1,...,K-1 . This version proceeds as follows. 

Call the pulse output of the system . Then, for 

k > N-l,(11) has the form 

*• fk-<+ '''+ (^ = o (13) 
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Following a Prony type approach, to solve for the b 

coefficients from the data one forms the set of equations 

I— —4 —. — 

AN-1 * 
/ 

o 

A w+i \ n 
Hr, o 

• 0 
• 

• 
• 

• 

t 

• — 

t 

# 

t • t 

# » • 
• 

6 

(14) 

or 

y 

— o 

Now, let K = M+N-l . 

Since 1>Q= 1 then (15) can be rewritten as 

(15) 

(16) 
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where is the first column of I-I^ and is the remaining 

M-l x M-l matrix. If 11^ is non-singular, then 

(17) 

If is singular, then assume it has rank R < M-l . A 

solution exists if h^ is contained in the space spanned 

by the R independent columns of . If h^ is not con¬ 

tained in the space, then no solution exists. This means 

that the order of the signal is less than the order of the 

approximating function. Hence the process must be repeated 

with b^ = 0 and b^ = 1. This is done until a set of b 

coefficients is obtained. 

Now, by evaluating the recursion equation (11) for 

Xj, a unit pulse and y^ = 

the following set of equations 

h, , k=0,1, .. . ,N-1 , one obtains 

4\0 O * ' 

A, 4o‘ * 

/ 

(18) 

A M-/n 
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or 

(19) 

Since is lower triangular, a solution for the a 

coefficients is guaranteed. K must be ^ M+N-l in order 

to have enough equations to solve for the a's and b's. 

If K > M+N-l, then the pseudoinverse [13] may be effec¬ 

tively used. Thus, 

-1 _ 

H,H3 

T _ 

H, 4 (20) 

where is the same NxM matrix, but is (K-N) x (M-l). 

(Since K-N > M-l then H_> is no longer square.) This 
^ T / 

minimizes ([h1] + [H3][b]) ([h
1] + [H3][b]) . Now, 

either a solution is obtained or the pseudoinverse does 

not exist, in which case the system order must be reduced. 

This is the method used to calculate the digital 

approximating systems. It is actually a "hybrid" method, 

that is, a Prony method is used to determine the b coeffi¬ 

cients and the a coefficients are chosen to zero the error 

on the first N outputs. 
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If the h^ are a true sura of geometric sequences, 

and if the order of the system equals the order of the 

signal, then Prony's method exactly reproduces the h^ in 

the pulse output. This is because Prony's method (in 

discrete time form) uses geometric sequences as basis 

functions for approximating a signal. So, if the voiced 

speech acts as the model predicts, Prony's method is an 

efficient method of approximation. 

One last point is worth mentioning. There is no 

guarantee that Prony's method will yield a stable 

approximating system. In fact, some systems will be 

unstable, and this must be corrected in the processing 

algorithm. 

C. System Determination, Quantization and 
Reconstruction 

All experimentally processed speech comes from 

male speakers. The speech is low pass filtered to 4 kHz 

and sampled at 8 kHz. 

The determination of an approximating system starts 

by the acquisition of a block of speech samples. 

The block length used is 20 samples. This number 

is chosen because the minimum pitch period expected is 40 

samples (corresponding to a pitch excitation frequency of 
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200 Hz). Thus, "lock in" could be expected even at 

maximum pitch frequency. 

Non-nasal speech is usually considered to have 3 

formants in the 0-4 kHz frequency band, so a 6th order 

denominator is used in the approximating system transfer 

function. The denominator coefficients are determined 

by the Burrus and Parks version of Prony's method pre¬ 

sented in the last section. 

The minimum order of transfer function numerator 

needed to give adequate fidelity is 5. The numerator 

coefficients are determined as in equation (18) in the 

previous section, i.e., they are chosen to zero the 

error on the first 5 system outputs. Choosing the coeffi¬ 

cients in this manner gives better results in "following" 

the speech [see Section (I,E)] than choosing them to 

minimize norm squared of the error over the entire cal¬ 

culation block of samples. 

After the coefficients are determined, the system 

recursion equation is implemented to calculate the first 

twenty samples of the pulse response. Succeeding output 

samples are compared with the respective speech samples 

and an error term is calculated. 

The error measure used is the norm squared of the 

difference between the speech samples and the system 
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output samples divided by the norm squared of the speech 

samples. Since the error is expected to be large at 

pitch excitation points, the 1^ norm is used. 

At each output, the error measure is taken over 

that one and the preceding four in order to avoid unneces¬ 

sary switching due to one bad output. The error is con¬ 

sidered too large if it exceeds 0.8. When this occurs 

the number of samples outputed by the system is stored 

and the process stops. 

The denominator polynomial of each system is then 

factored to yield the system poles. Any unstable poles 

(outside of the unit circle) are reduced in magnitude to 

the unit circle. The real and imaginary parts of the 

poles are quantized to a specific number of bits and 

stored. The denominator is then reconstructed and the 

numerator coefficients recalculated, as the original ones 

no longer zero the error on the first outputs. 

The numerator coefficients are quantized in the 

following manner. The probability of occurrence of a 

numerator coefficient with a given magnitude was found 

experimentally to decrease exponentially with increasing 

magnitude. See Figure 15. Also, the effective magnitude 

range was found to be between 0.01 and 280. 

A logarithmic compression scheme is used to achieve 

finer quantization on the more frequently occurring 
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magnitudes. Coefficients greater than 280 or less than 

0.01 are changed to 280 and 0.01 respectively. The 

natural logarithm of each coefficient is taken. The 

logs range from -4.605 (In 0.01) to 5.635 (In 280). 

These numbers are quantized and stored. 

The parameters describing the segment approximated 

are thus the quantized pole locations and logs of numera¬ 

tor coefficients and the number of samples approximated. 

A new block of speech samples is now acquired and the 

process is repeated. 

Reconstruction of the segment is accomplished by 

reforming the transfer function denominator from the 

system poles and numerator from the antilog of the log 

of the numerator coefficients. Manipulating the recur¬ 

sion equation with a unit pulse input produces the 

approximate speech samples. 
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Figure 15. Relative number of occurrences of 

magnitude of a coefficient vs magnitude. 
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D. Pitch and Formant Determination 

1. Pitch 

If the method "locks on" to voiced speech, 

then enough information exists to calculate the pitch 

period. Consider a segment of voiced speech. Let r^ be 
4-Vk 

the number of samples taken from the i system used in 

approximating the segment. Let i go from 0 to P over the 

segment. Now form 

Let f^ be defined by 

\ ^ 0> ^ 
u* / O, othewisz <22> 

) J - °/ b '' J ^ (21) 

Figure 16 provides an example. 

An autocorrelation of f^ should yield a peak value 

at a lag corresponding to the pitch period of the voiced 

speech segment. This is simply a mathematical statement 

of the idea that systems should stop and start at pitch 

pulse excitations. 
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Figure 16. An example of the pitch 

determination scheme. 

2. Formant 

If the output of a given digital system 

tracks the speech wave closely, then the resonances of 

the system must approximately equal the resonances of the 

vocal tract whose pulse response is the speech wave. 

Hence, the poles of the digital system approximating a 

speech segment should be close to the resonances present 
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in that segment. Factoring the denominator polynomial of 

the transfer function should therefore give a good estimate 

of. the vocal tract formants. 

E. Hardware Utilized 

Speech to he processed is first recorded in 

analog form on magnetic tape with a Concertone 505 recorder. 

This recording is low pass filtered to 4 kHz by a four pole 

active filter, then sampled at 8 kHz and A/D converted onto 

magnetic tape by a 10 bit A/D converter on an SDS 92 com¬ 

puter (Department of Space Science). The digital form is 

processed on a Burroughs B-5500 computer and the synthe¬ 

sized samples are outputed to magnetic tape. This tape is 

then D/A converted by an 8 bit D/A converter on the SDS 92 

computer, low pass filtered by the same filter and the 

analog speech is recorded on tape by a Sony TC-105 tape 

recorder. 
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III. RESULTS 

A. Introduction 

This chapter discusses the performance of the 

proposed technique. Section (III,B) describes the ability 

of a calculated system to track a voiced speech segment 

from one glottis excitation to the next. This is termed 

"following" the speech wave and is discussed in Section 

( I ,E). Section (III,C) gives the quantization levels 

required for the processing parameters and, from them and 

a result in Section (III,B), derives the bit rate for the 

algorithm. The processing time is also given here. 

Section (III,D) describes the quality of the processed 

speech. Finally, Section (III,E) gives the results from 

the pitch and formant determining techniques described in 

Section (II,D). 

A demonstration tape of processed speech is available 

from Professor T. W. Parks of the Electrical Engineering 

Department of Rice University. The data presented in the 

following sections is directly applicable to the recordings. 

B. How Well Method Followed 

In Section (I ,E) it is postulated that one 

calculated system should be able to track a voiced speech 
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segment for the duration of one pitch period. This is 

not borne out in actual operation. A minimum of two 

systems is required. The general pattern is that of one 

or two systems running for short (20-25) sample lengths 

and a final system running for a long (30-50) sample 

length. The best average number of samples successfully 

approximated per calculated system is 27 and this can be 

tTi achieved with 6 order polynomials in both the numerator 

and denominator of the system transfer function. 

The reason for this pattern is postulated as an 

insufficiency in the model for voiced speech. The forcing 

function for the vocal tract is assumed to be a unit pulse 

function. The actual glottal pulse has a non-zero rise 

and fall time and is extended over more than one sampling 

interval. Hence, the first part of the speech segment 

between excitations contains more than a simple unit pulse 

transient response, and the first approximating systems 

for this segment cannot adequately describe the waveform 

over extended sample lengths. 

To explain this statement, assume that three systems 

are needed to approximate the speech wave through one 

pitch period. The first system may approximate the 

response due to the rising edge of the glottal pulse, but, 

when the pulse starts to fall, the first system's output 

will still be that derived from the rising part of the 



48 

excitation. This will be a poor approximation to the 

current speech samples and a second system will be cal¬ 

culated, which will describe the speech until the falling 

edge of the pulse has diminished. After the pulse has 

died away, the tract then exhibits transient decay and 

one system is able to describe the wave until the next 

excitation. 

This idea is borne out in the fact that increasing 

the order of the approximating system from that given 

above does not increase the average number of samples 

successfully approximated per system. Each system used 

in the processing for the demonstration tape contains a 

fifth order numerator and a sixth order denominator in 

the transfer function. This combination yields an 

average of 26 samples successfully approximated per 

system. 

C. Quantization, Bit Rate and Processing Time 

In Section (I,E) it was shown that each segment 

of speech approximated by a system could be described by 

the parameters of the system and a parameter designating 

the number of samples in the segment. This section gives 

the number of bits required for each of the above para¬ 

meters. Using systems of the same order as those on the 
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demonstration tape, the bit rate for the process is 

calculated. Also, the running time for the algorithm is 

given. 

The approximating systems calculated contain fifth 

order numerators and sixth order denominators in the 

transfer functions. Thus, each system is described by 

eleven coefficients. With the quantizing schemes men¬ 

tioned in Section (II,C) the real and imaginary parts of 

the poles are adequately represented by five bits each, 

and the numerator coefficients are represented by six 

bits each. 

The remaining parameter to be coded is the number 

of samples successfully approximated by each system. 

The maximum output length observed on any system was 60 

samples. Since 20 samples are always outputed, 40 is 

the maximum number to be coded. This can be done with 

6 bits. 

So, each system requires (6x5+5x6+6) or 66 bits. 

On the average, each system runs for 26 samples [see 

Section (III,B)]. For an 8 kHz sampling rate, the bit 

rate is 

■^2 6^" x 66 = 20,300 bits/second . 

The entire process of analysis and synthesis runs 

in approximately 145 times real time on a Burroughs B-5500 
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computer with an ALGOL program. It is estimated that 

this is fast enough to be done in real time by a special 

purpose processor. 

D. Quality of Reconstructed Speech 

In Section (II,E) it was established that the 

processing routine produced a tape recording of the recon¬ 

structed speech in analog form. The quality of this speech 

is evaluated by listening to the recording and the results 

are given below. The reader may form his own evaluation 

by listening to the demonstration tape. 

The processed speech is noticeably degraded in 

quality. There is a noise component present due partly 

to the inadequate approximating systems' samples being 

significantly different from the speech samples after 20 

outputs. The systems following these zero the error on 

the first outputs, so the processed train of samples has 

abrupt discontinuities. An attempt to "shave" the end¬ 

points to smooth discontinuities was tried and it did 

reduce the noise; however, it also reduced the tonal 

quality of the speech. 

Another source of noise is quantization noise. 

Quantizing the poles to 5 bits produces very little 

degradation. However, since the numerator coefficients 
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have such a wide range, quantizing to 5 bits produces a 

significant degradation in quality and an increase in 

noise — even with the logarithmic compression scheme. 

The processed speech does, however, retain its 

characteristic tonal quality and speakers can be recog¬ 

nized. Also, despite the noise, the speech is 

intelligible. 

E. Pitch and Formant Estimates 

1. Pitch 

The method for determining pitch was 

modified slightly from that presented in Section (II,D). 

In order to give a leeway of a sample or two the func¬ 

tion, , was modified to read 

k=0,l,2,Sj-2,Sj-l,Sj,s.+l,s.+2 

(23) 

otherwise 

For the example given in Section (II,D), f would now be 
.K 

as in Figure 17. Since the approximating systems were 

calculated from 20 sample blocks, and since the system 

was not locked in to the speech at all times during any 

segment, lags through 45 were discarded as being too 

noisy for use. 



52 

Figure 17. f, for the example in Section (II,D) . 
.K 

This method was tried on the utterance "one" (which 

is completely voiced) delivered by a male speaker. Two 

1024 length segments were taken — one from the beginning 

and one during the middle of the utterance. This method 

gave values for pitch period of 61 and 99 samples 

respectively. 

The same segments were analyzed by the cepstrum 

pitch finding method (see Section I,D), which is acknow¬ 

ledged as an effective and accurate technique. This 

method yielded values for the pitch period of 61 and 97 

samples respectively. Thus the pitch determination acted 

as theorized and it may be concluded that the calculated 

systems do start and stop at pitch excitation points. 

If the speech is processed by the technique pre¬ 

sented in this thesis and the r^ parameters [see Section 
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(II,D)] are available, then this method of pitch deter¬ 

mination would be faster than the cepstrum method. 

2. Formant 

Determining the formants of the vocal tract 

from the poles of the digital approximating systems was 

only partially successful. The first major formant was 

estimated well, but the succeeding ones were not. 

Three approximating systems from the utterance "one" 

which each successfully approximated over 30 speech samples 

were isolated. Factoring the denominator of each system 

showed a lowest frequency of 344 Hz, 545 Hz and 805 Hz 

respectively. The DFT of each of the segments approxi¬ 

mated by the systems showed a lowest formant of 312 Hz, 

562 Hz, and 781 Hz. The maximum error in these three 

examples was 10.5% and the average error was 5.5%. 

Succeeding frequencies determined from the system 

poles showed little relation to the observed formants. 

However, a typical DFT of one of the segments is shown 

in Figure 18. It is seen that all other formant peaks 

are very small compared to the first. For speech with 

stronger higher frequency formants, better results may 

be obtained. 
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Figure 18. Typical DFT of an analyzed speech 

segment. 
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IV. CONCLUSION 

A. Possible Improvements 

One major improvement to be made is a parameter 

optimization of the entire process. In this thesis, only 

a workable system was presented. No major effort was made 

to optimize. 

The variable parameters are 

1) the order of the numerator of the approximating 

system transfer function 

2) the order of the denominator of the approxima¬ 

ting system transfer function 

3) the length of the calculation block of samples 

4) the value of error for recalculation 

5) the number of samples over which the error 

measure is extended 

6) the quantization levels for poles and numerator 

coefficients 

7) the bit rate 

8) the fidelity of the synthesized speech 

9) the calculation and reconstruction time. 

These parameters should be manipulated to give the best 

systems for the highest fidelity, the lowest bit rate and 

the fastest run time. 
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A major disappointment of the process is that one 

system is not able to successfully approximate voiced 

speech from one glottis excitation to the next. This 

situation, if rectified, would produce a much lower bit 

rate with, hopefully, a better approximation. 

The problem is that the glottis excitation is 

poorly modeled by a unit pulse [see Section (III,B)] and 

approximating systems do not have enough information 

during the first part of a voiced segment (between glottis 

excitations) to adequately describe the speech past the 

initial calculation block of speech samples. 

One possible idea to alleviate this is simply to 

increase the size of the calculation block. However, as 

is shown in Section (I,E), if the calculation block is 

too large, the process may never be able to "lock on" to 

a voiced speech segment. 

Perhaps the systems should be calculated so that 

their outputs approximate the speech samples when the 

input is of the form of Figure 19. 

If this input is a better approximation to the 

glottal pulse, then the system samples past the calcula¬ 

tion block may be able to adequately approximate the 

voiced speech through one pitch period. 
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Figure 19. Possible approximation to glottal pulse. 

B. Comparisons 

Several methods of speech processing were men¬ 

tioned in the introduction. The method presented in this 

thesis is now compared with them in Figure 20. 

This method is closest in overall performance to 

delta modulation. However, the algorithm is similar to 

that of Atal and Hanauer and some comparisons can be made 

between the two. An all-pole model for the vocal tract 

does not have the problem of quantizing numerator coeffi¬ 

cients which have a wide dynamic range. Also, a pitch 

determination allows an all-pole model to be used effec¬ 

tively because the calculation block for the system 
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parameters for voiced speech can be the samples from one 

entire pitch period. Thus, the effect of a non-ideal 

glottal pulse is minimized as the system is calculated to 

approximate the speech over the entire pitch period, not 

just the first part (which causes trouble with the method 

presented in this thesis). This lowers the bit rate, 

because only one system is used per pitch period, and 

also improves the quality of the approximated speech. 

However, the penalty for these improvements is a longer 

processing time. 

METHOD BIT RATE 
(kilobits/sec) 

QUALITY CALCULATION TIME 
(RT = real time) 

Vocoder 1-5 Intelligible but 
mechanical, cannot 
recognize speakers 

RT 

PCM ~56 Telephone quality RT 

Delta 
Modulation •—2 0 Telephone quality RT 

Homomorphic 0.6 Excellent quality Not in RT 

Atal & Hanauer 7 Excellent quality Estimated in RT 

Prony 20 Intelligible, but 
very noisy, can 
recognize speakers 

Estimated in RT, 
yet faster than 
Atal & Hanauer 

Figure 20. Table of comparison of speech 

processing methods. 
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C. Possibilities for Further Research 

It should be emphasized that if a means is found 

to allow a system calculated from the first part of the 

pitch period to follow through until the end of the period, 

this method will have the low bit rate of Atal and Hanauer's 

method with considerably less computation. It is in this 

direction that further research should be done. 
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