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~~STRACT

Dig ital encoding of speech to allow more efficient

transmission at low data rates involves the decomposition

of the speech wavefo rm into various parameters wh i ch are

related to the physical structure of the speech production

process. In this thesis , linear predictive coding Is used

to produce a set of coefficients for the characteristic

pol ynomial of sucessive 25 msec. segments of the voice

t rack , in the z—domai n. The location of the poles in the

z—plane and the excitation pitch period are then shifted

and the signal reformulated to cause changes of the overall

frequen cy characteristics of the speech waveform , while

maintainin g the perceived sounds and information content.

The resulting audio tapes confirm the theory and

conjectures of the thesis.
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I . INTROD UCTION

Dig i t a l  processing of speech s i g na l s  has become

Important and necessary w ith the introduction of high-speed

d i g i tal devices into every phase of communication: plac e to

place ; man to machine; and machine to man.

Digital signals have a number of inherent advantages

over analog signals. Di gi tal si gn als may be coded for

securit y or for noise immun ity. A d i g i ta l vo i ce si gn a l may

be transmitted by the same equipment used fc~r data and It

may be multiplexed w ith that data. One of the pr irn ar y

disadvantages of the di gi tal transniss ftn of voice is t~’e

large bandw idth required with some d igi ta l techniques.

When analog techniques , such as sin g le side-band arp litu de

modulation , produce bandw idths of 5KH z and the best d i git a l

system bandwi~1th was 614khz, there was a very strcng

tendency to stay w i t h  the analo g technicue s.

However, recent advances in di g i ta l si gnal processing

have made the di g i t a l transm ission of vo i ce highl y

eff icient. UntM recentl y di g i ta l transr~iss ic n of sreech

was possible only by sampling the voice wavefo-r’ at a

sufficiently high rate and then perforring an

ana l og—to — di g ita l conversion of each sample. A suff ic ient

number of bits were transmitted for each sample wh i ch was

sent to reconstruct the wavefc~rr’ at the reciever. The

voice wavefo rm must be sampled at aproxH’ately 8,000
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samples per second to avoid the loss of clarity. E~ch of

the samples must then be converted to a 6—10 bit number for

transm ission. The overall data rate using these methods had

a l ower limi t  In the neighborhood of 148,000 bits per

second.

Recent developments have allowed the voice p3ttern to

be broken down into more basic parameters which are closely

associated with the physical production of speech. These

parameters vary rather slowl y and can be transmitted at a

l ower rate. Data rates as low as 1200 bits per second have

been achieved through the use of these techni ques.

These methods are numerica l representations of the

phy sical production of speech , and therefore It is easier

to alter the characteristics of speech by alterin g the

associated parameters then by tr ying to alter the waveform

d i r e c t ly .

This thesis r e v i e w s  v a r i o u s  d ig i tal speech pro cessing

techniques for use in a speech modification system . Linear

predictive coding (LPC) was chosen for imp lem entat ion and

therefore the theory and practice ~f this technicue are

expl ained in detail. The desired modification of the

speech waveform by shifting the poles of its characteri stic

po l ynomial , and the regeneration of the altered waveform

are discussed and the impl em entation techni ques expla~ red.

The IBM 360 computer was used for simulating the techni-ciues

developed. This simulation is covered In detail and the

computer programs, with results , are provided.

9
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I I .  SPEECH PRODUCTION AND CHA RA CTEPIST I~~S

Any digital system for altering speech characteristics

must be based on knowledge of those character~stics and the

phy sica l structure which determ i nes them .

A. SPEECH CHARACTERIST ICS

All speech can be broken do~,.n Into a set of disti n ct i ve

sounds called phonemes. It , the case o~ ~\meric 3n English ,

there are generall y considered to be 14 distinct phonemes

which are cl a ssi fied into vowels , diph thongs , semi vcwe ls

and consonants. Spoken communication is accom p lished

through various combinations of these sounds and the

accurate reproduction of each is a major criteria in

judgin g vo i ce processing systems . Phonemes are generated

at a rate of about ten per second. Each phoneme is

c l a s s i f i e d  as vo iced  if voca l cord vibration is the source

of the sound or unvo iced if the sound is produced by other

• means. If the character istics of a phoneme change from the

start to finish , the phoneme is called noncontinuart. Those

phonemes whi ch are s t a t i ona ry  are ca l led  cont inuant .

The l owest frequency present in a given vciced sound is

called the pi tch frequency . There are peaks in the spectral

representation of a speech sound that are above the pi tch

frequency wh i ch are called fornants ~nd are numbered

consecutivel y with increas ing frequency. Althou gh two

10



• 1

speakers may produce the same phoneme , the pi tch and

formant frequencies may be different. However , general

relationshi p s may be established be tween pi tch and formant

f requencies which are r e l a t i v e ly  constant from speaker to

speaker , producing the same phoneme . If in format ion is to

be retained by a speech p rocess ing system , it must be able

to reproduce at output , the p itch and formari t frequency

relationshi p which was pre sent at the i nput.

B. PHYSICA L SPEECH PRODUCTIO N STRUCTURE

The vocal tract is a resonant tube wi th the vocal cords

at one end and the li p s at the other. The vocal tract acts

as a frequency selective filter wh i ch has a trans fer

function that depends on how it is shaped at any given

t i me.

~4) V OIC ED (B) UNVOICED

F IGURE 1. S O U N D  P R O D U C T I O N

The input to the vocal tract is caused by either the

vibration of the voca l cords at the l ower end (figure La)

or by the turbulence of a ir being forced through a

I
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constriction at any of a number of locations along the

vocal tract (figure 1.b). The vocal tract acts as a filter

with a pulsed input from the voca l cords when producing

vo iced sounds such as ‘a ’ or ‘o ’. Dur ing sounds caused by

the forcing of air through a constriction , fricative sounds

like ‘s’ or ~~~ the vocal tract acts as a resonant cav ity

which will have certain characteristic response

frequencies. Typi cal waveforms for voiced and unvo i ced

sounds are shown in figure 2.

V O I C E D

• ______________

U N V O I C E D

F IG U R E  2. T Y P I C A L  W A V E F O R M S

Certain characteristics of the vocal tract are changed

severa l times per second to produce different sounds while

others such as overall length and the diameter range limits

are fixed for a given speaker. A detailed look at each of

the types of sounds will insure that the d i gi tal processor

used has the same flex i b i l i t y  as the actual speaker.

Vowels , vo iced cont inuant sounds , are produced when

the vocal cords vibrate causin g pul ses of air at the bottom

12 )
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of the voca l tract. The shape of the vocal tract remain s

fIxe d dur ing vowe l product ion , act ing as a stationary

filter to respond to the forcing function.

The production of dlphtho ngs and sem i vowels is similar

to that of vowels except that the shape of the voca l tract

is smoothly changed during voicing . Diphthongs and

semivowe ls are noncontinuant , voiced sounds.

The phonemes classified as consonants may actually be

further divided into subcatag orie s of voiced fric atives ,

unvoiced fricatives , stops and nasals. Fricatives are

caused by the steady flow of air through a constriction in

the vocal tract which causes turhulant air motion and a

seem ingly random air pressure pattern. Fricatives are

voiced or unvo i ced dependin g on whether the vocal cords are

producin g pressure pulses at the same time . Stops or

plosives are caused by comp letely closing the voca l tract

and then suddenl y op enin g it to quickly start sound

production. A stop is classified as voiced or unvoiced

depending on the nature of the sound that follows the

opening of the vocal tract. Nasals are voiced sounds wh i ch

are formed when the vocal tract Is closed and air s -

allowed to pass through the nasal cavity. This acts as a

feei forward path for the sound and a corresponding change

Is caused in the total vocal tract response .

C. I NFOR~AT I ON CONTENT

One of the p rimar y goals of speech processing is the

13
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development of efficient codes fo r  transmitting or storing

speech and still allowin g it to be reconstructed without

excessive loss of Information. The source codin g theorem

states that through the proper choice of cod i ng we can code

a source Into a bit sequence ar b itraril y close in length to

the entropy of that source. However , efficient codes are

difficult to find for even simp le binar y sources , let alone

a continuous speech source. Ar, estimation of the entropy of

a typica l speech source provides a useful guage for

measuring the data rate performance of any system .

If ~~~~~~~~~~~~ loss of information ’ occurs onl y when we

don ’t receive the correct one of the 42 phoneme s, the

information content of one second of speech is

approx i mately (assuming 10 phonemes are produced per

second):

H - 10~~~P(p.) (- log P(p.))

i— i

where P(p;) is the p robability of the ith phoneme . Assuming

further that each phoneme Is equall y likely,

H — 10 x 42 x 1/142 x log 142 — 54 bits per second

If the actual probability of each phoneme was used , i.e.

they are not equally likely, the va l ue of entropy would be

si gnific antl y l ower.

If ~excessive loss of inform ation ’ also Includes

L •~~~~~~~~~~~~~ •~~~~~~~~~ ~~~~~~~~~~~~~~~~~~~~~
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failure to identif y the speaker and failure to Indicate the

speaker ’s emotional state the information content Is

- . higher. However if we assume that identification of the

speake r (one of about two billion ) Is only reauired once

per minute and that the speaker ’s emotional state (say one

of ten) can only change once per second the entropy is

sti ll only 58 bits.

• H (speaker) = 1/60 x 10 x 1/10 x ( log (1/10 )) 0.5

H (emotion) — 10 x 1/10 x (—lo g (1/10)) — 3.3

H (phoneme) 514 bits per second

H (total) 58 bits per second

Clearl y the theoretical limit  is not be i ng pushed by the

current state of the art in speech coding.

15
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I I I  . DIGITAL SPFECH PPOCESS ING TF.CHNIOIJES

D i gi tal speech processing techni ques may be placed into

three general categories based on the assumptions used in

their development. The first category Is that of waveform

techni ques where the only p rimary assumption is that the

sign al which is bein g processed is frequency limi ted to no

more than half of the samp l in g freouency. The second

category of spectral methods adds the assumption that the

frequency domain characteristics of the speech wav e f o m

vary slo~’.ly. Finally, the voioe tract parameter techni ques

assume that the phy sical voice production system can be

~odeled digitall y.

A . WAVEFORM MET HOD S

Waveform techr iques have the characteristic of

ope ratin g equall y well on art y l ow—pass filtered waveform

and all are generall y based on the farr ilar pulse code

modulation . The basic requirem ents of a waveform

quant i zat ion method is that the waveforn be sampled at

greater than twice the highest frequency present and that

the samples be quantized into a d i gital code for

transmiss ion . Althou gh this techni que Is very strai ght

forwa rd , it also requires a high data rate. A waveform

sampled 9600 time s per second with each sample quant ized to

256 levels would require 7f~,8D0 bits per second for

16
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transmission. A number of variations (differential

modulation and adaptive differential modulation ) have been

used to reduce the required data rate but have failed to

cut the required data rate by more than about half.

B. SPECTRA L TECHNI (WES

1. Short Term Frequency Ana l ysis

These methods deal wi th the short-term frecuency

properties of the speech signal. An early spectral method

was the channel vocoder. The transmitting processor of the

channel vocoder consists of a bank of narrow—band analcg

filters. The energy passed by each filter is measured and

transmitted to the receiver site. It is also determined

whether the input speech was voiced or unvoiced and that

determination is transmitted. In the receiver an

excitation signal , determined by the voicing decision , was

fed into a bank of narrow—band filters , each of which had

an adjustable gain determined by the received energy

measurements.

The same techni que can be impl emented in an all

dig ital method by repla cing the bank of analog fil ters with

di gi ta l filters or by performin g a discrete Four er

• transformation (OFT) on a frame of input samples. The use

of the OFT is usuall y preferred because of computational

efficiency and the availability of high—s peed OFT array

processors. Normall y each input frame is windowed to

reduce the noise which can be caused by a sharp cut of~ at

17 
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the end of a frame . When this method is used to reduce the

data rate required for di gi tal transmiss ion , the tota l OFT

of each frame is not transmitted because the total OFT

would require the same number of bits as the frame of

samples (assuming both are quantized to the same number of

levels ). Reduction in the data rate can be accomplished by

skipp irg frames and assumin g they are duplicates of the

preceed ing frame during reconstruction. The number of

samples In the frame is also half the number of frequencies

reso l ved by the OFT , therefore the frame length for

analysis is choosen as a comprom i ze between accuracy of

voice reproduction and the desire for a low data rate.

This method of speech processing wculd lend itsel f

well to altering the frequency characteristics of voice

signals but it recu ires a relativel y high data transmissio n

rate and therefore was not desirable for speech ‘,rocessing

in conjunction with place to place communications or wi th

digitally stored speech .

• 2. Homomorphic Processing

Another method which invo l ves frec~ ency domain

processing is homomorphic processing. It is based on the

• following three princi p les:

(1) Speech is the convolution of an exc i tation
func tion and the transfer function of the voca l
tract.

(2) Convc lut ion in the time domain is equivalent to
multi p lication in the frequency domain.

(3) The Fourier transform is a linea r
t ransformat ion , I.e.

18
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F(x (t)+y(t)) — F(x (t)) + F(y(t)) X (w) + Y(w)

A method of separating a speech waveform back into these

componen ts would help us analyze the speech. Homomorphic

processing centers around the efficient deconvo lution of

these signals.

First the input signal is windowe d and transformed

via the OFT, to produce the frequency domain representation

of the input speech. The time convo luticn of two signals is

equivalent to multi p lication in the frequency domain.

However knowing the product of two waveforms does little

towa rd gaining knowledge of the m ulti p licands unless

further information is given. The multi p lication of the

two values at a given frequency is equivalent  to adding the

l ogarithms of each . The log is taken of each of the va l ues

i n  the frequency domain representation of the signal which

is then equal to the sum of the the log of the frequency

domain representation of the excitation function pl us the

the log of the frequency domain representation of the voca l

tract function. However , it is easier to tell the

difference be tween the voca l tract excitation functions in

the time domain , so the inverse DFT is taken of the log of

the frequency domain function. The function produced is

called the cepstrum of the signal. Because takin g the

inverse OFT is a linear function , and the frequency domain

• function was the sum of two component functions , the time

domain cepstrum must also be the sum of the cepstrum of the

— ~- - - • .—~~~~~~~-~~~~ •-- - - - ..-- -- -
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e x c i t a t i o n  function and the cepstrum of the vocal tract

functIon . Figure 3 illustrate s the relat ionship between

the steps of homomorphic deconvolut ion of signals.

Exam inat ion of the cepstrum between 2 .5  and 20

msec . may reveal a peak that is considerably above the

background no i se level. If a peak Is there , the segment Is

determined to be voiced with the peak occuring at the pi tch

period . The voca l tract is not long enough to sustain any

vibration s for more than 20 msec . after a pulsed input.

If there is no peak the segment is considered unvoiced.

The cepstrum of the excitation function may be subtracted

from the total cepstrur, and the remain der considered an

estimate of the cepstrum of the vocal tract transfer

function . After work i ng backwa rds to magn i tude (vs. log of

magnitude ) in the frequency domain , the f ilt er coefficients

may be determined.

it would be relativel y strai gh t forward to alter

both the excitation function and the vocal tract transfer

function after the tctal cepstrum s broken into its

addi tive components. However, homomorr,hic processi ng was

not be i ng widely used for vo i ce communication and th is

technique was dropped in favor of a more w idel y used

system . As array fast Fourier transform processors become

faster and less expensive , homomorphic speech processing

may become the dom inant speech commu nication technicue.
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C. VOICE TRACT PAF~AMETEP TECHN I QUES I N THE T IM E OOM~ IN

The primary characteristic of this catagory is the

close tie between the digita l process and the physical

structure bein g modeled. Although homomorphic processing

uses the deconvolution of the vocal tract function and the

excitat ion function as a p rimary too l , the homomorphic

process does require transformations to and from the

frequency domain and therefore is not incl uded in this

catagory. The p rimary member of this catagory is the linear

pr ediction cod i ng (LPC ) process which has shown itsel f to

be among the best and most versitile of the various speech

processing techni ques.

1. The Speech 1~
4odel

The speech model assumed and used for LPC is that

of a tine—var ying di gi tal filter which is excited by a

wide-band functicn , either a pulsed input or random noise.

This Is illustrated in figure 14. The recursiv e f ilter used

to model the voca l tract is all- p ole and has slowl y tim e

vary i ng (pseudo—station ary) coefficients. The filter ’s

2—domain transfer function is

1
Y(z) - p -i
U (z) 1—~~ a.:

i—I.

or 
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1

Y ( z )  - (1(z) + (~~~~a .i
’ ) Y ( z )

I—i

or In the discrete time-domain

Y (ril) • U (nT) +~~~a .Y ((n—i )T)

i— i

From the time domain equation It is clear that the current

output Y (nT) is uni quel y speci fied in terms of the current

i nput and the past p output va l ues.

TIME VARYING• DIGITA L 
_ _ _ _

~~F(LTER

VOICED

P H Y S I C A L  M O D E L

~~~~~~~~~~~~~~ TIME VARYING
_ _ _ _ _ _ _  

DIG I TA L 
_ _ _ _

— ‘FILTER
U N V O I C E D  

_ _ _ _ _ _ _ _ _ _ _

F I G U R E  4. S P E E C H  M O D E L
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The vocal t r a c t  i s  no t a l w a y s best modeled by an all -p ole

f i l t e r , and part cu la r ly  nasal sounds would probably be

best modeled by a f i l t e r  wh ich a lso Included zeros. However

there is cons iderab le  d i f f i c u lt y  in rap id l y  es t ima t i ng  both

Doles and zeros of a transfer function when only a short

segment of the output is a v a i l a b l e  for a n a l y s i s .  However ,

ex per ience has shown that high q u a l i ty  vo i ce pro~ uct iort  is

poss ib le  by using an a l l- po le  f i l t e r  of adequate order.

The order of the f i l t e r  requi red is c l o s e l y  re la ted

to the length of the vocal t r ac t .  To adequately represent

the l owe r frequency response of the vocal t rac t , the f i l t e r

must include recursive dela y equal to the delay encountered

by sound waves traveling from the vocal cords to the li p s

and return ing to the glo tt is.

velocity of sound = 31414 rn/sec
length of vocal tract • 17 cm

2 x 0.11 0.988 msec
31414

At a samp ling rate of 10kHz at least 10 past values would

need to be included for an accurate model.

The excitation function for voiced sounds in

modeled by a train of pulses at the glottis. Clearl y these

pu l s e s  can no t be a perfect set of impulses , but rather

must have a fi n i te wid th  and are l i k e l y  to have a d e f i n i t e

shap e . Rather than construct a separate filter to change

the impulses into the correct shape , additional poles are

added to the mode l so that the combined transfer function

• 2~
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may be calculated at once. Normall y two additions poles are

adequate for the pulse shape model.

2. L inear P red i c t i ve  Techni q ues

Linear p redictive anal y sis is based on the division

of speech modelin g into modeling of the excitation function

and modeling of the vocal tract transfer function . The

vocal t ract  is modeled by computing each sample as a

weig hted l inear combinat ion of pr evious samples. Linear

pr e d i c t i v e  coding of speech is accom pl i shed  by f i l t e r i n g  a

sam pled speech waveform through a f i l t e r  which is the

inverse of the f i l t e r  which models the vocal t rac t .  I f  the

f i l te r  used is the inverse  oF a good model o~ the vocal

tract , the output wi l l  be a good app roximation of the

exc i t a t i on  function. The var ious p ropert ies  oF the

e x c i t a t i o n  funct ion , along w i t h  the coeff c i e n t s  used in

the vocal tract fMter are meas’ red and transmitt ed as

shown in fi gure 5.

( I N V E R S E  ( E X C I T A T I O N

F i LTER 
‘ MEASUREME NT 

_ _ _  CODED

_______________________ 
SIGNALH

FIGURE 5. ENCOD ING PROCESS
- The received measurement s are used in the decoding

processor to reconstruct the ex cit ation function and the

filter. The process of reconstructin g the speech wavefnrm

is shown ~n F gure 6.
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I E X C I T A T I O N  I , ‘-.1 VOCAL
FUNC T ION ~

Ei
~
NThj TRACT s (NT)

CODED) GENERATOR J F I L T E R
SIGNAL ? 

~

FIGURE 6. DECODING PROCESS

The primary advantage in the use of linear

predictive coding of speech is the reduction In the data

rate required for transmission or storage . LPC systems have

been developed which require data - rates from 3000 to 14800

bits per second for hi gh qu alit y voice communication and

rates as low as 1200 bits per second have been reported for

l ower qualit y but understandable speech production. Highly

efficient algorithms have been developed for the encod i ng

and decod i ng of speech usin g the LPC techni que . When

hardware implemented with special purpose , short word

length microprocessors , the computations reauired for

two-way communication have been done in 659~ of real time .

LPC was chosen as the method to be used for

accom pli shin g the desired voice characteristic

modifications. A aeL ailed desc ription of the theory and

modelin g assumptions follows .

t
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IV. LINEAR PREDICTION THEORY

LInear pred ictio n Is an extension of least squares

estimation. In the case of one—dimensiona l linear

pred iction , I t is more commonly labeled ~s t ime s e r i e s

anal ysis wher, used by statIsticians for ana lysIs of

everyth ing from population to the stock market.

A. THEORY

• it is assumed that each sample of the dIscrete time

series , s(kT), as shown in figure 7 may be app roximated by

a linear comb i nation of past samples of the time series .

In

s(kT) •
~
Ia. s((k—t )T )

I ~1

where s(kT) is the estimated sample valu e , a; is ~he

coefficien t of the sample I steps past and m is the c~r der

of the a ppr ox imat ion  (and as we w i l l  see later the order of

the z-domain filter of the model ).

S 6<T’)

- 

- 
— 

~~

F I G U R E ~
‘

. DISC R ETE T I M E S E R I E S
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For a portion of the discrete time series (N sampl es where

N>m), a leas t squares approximation of the weighting

coe f f I c i en ts, a., may be calculated . The estimate at each

point

~(kT) = a. s((k-1)T)

1 =1
1 <  k < m

is subtracted from the actual sample value and the erro r

for each estimate , e(kT) Is given.

e(kT) = s(kT) - ~(kT)1~~~k~~~m

- 

e(kT) = s(kT) - ~~~a 1 s((k-i)T)

1 < k < m

To m in imize the erro r (In a least squares sense) the error

is squared and surmied over all points In the region of

In teres t to obtain an overall error , E.

E ~~~e (kT) =
~~~~~~~~ s(kT)_~~~[a. s((k-i)T)J

k=1 k=1 1=1

The der ivative of E with respect to each of the

coeff i c i en ts , a., is taken and set equa l to zero in order

to locate the minimum of E. This yi elds the follow i ng m
F .

equa tions .

28
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~~ • o  •~~~~~[2 (s ( kT ) - ~~~ a . s ( ( k - i ) T ) ) ~~~ (s ( kT ) -~~~ a . s ( ( k - I )T ) )
}

k—i i — i  i — i

i~~~j jm

however

~~~~. [s~~ n} • 0

and

...~~~~. [a.s (k—flfl} — 0 , I s j
aa.

• s((k—j)T)~ I • j

therefore

- 0 - ~~~ 2 [s ( kT)~~~~ a ;s ( ( k _ l ) T ) ]  (- 1) s ( ( k -j ) T )

âa. k i  i — i
1 jJ ~~~ m

removin g the constant multi p lier

0 •~~~~S(kT)s((k-j)T) -~~~~~~ ~~~a.s((k- i)T)s ((k-J)T)

k—I. k— i i— i

i~~~j~~~m

chang ing the order of summation

s(kT)s((k-J)T) •~~~~a. 
~~ 

s((k-i)T)s((k-j)T)

k— i i— i k— i
i~~~J ~~~m

Given all of the samples within the sumations over N,

the above set of m equations In the m unknowns , a., can be

solved . If only the samples

29
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s ( kT)  1 jk .�~ N

are given, the set of equations above can not be solved

because of the requiremen t to know the samples

s U l —j ) T )  1 �. j ~~m

However by windowin g the samples so that all samples

outside the reg ion of interes t are zero

s (kT ) = 0 k j  0 and k > N

the sumations over N In the set of equations above may be

rep laced by the autocorrelat lon of the windowed samples ,

• s ’ ( kT ) .

N—j

R(j )  =~~~~~ s ’ ( kT )s ’ ( ( k + j ) T )

0~~~ j Im

Th is assumption may be made because the number of samples ,

N, Is norma lly much greater than the order , rn, of the set

of equations . Therefore relativel y few samples are lost.

The window function used will not significan tl y alter the

samples In the center of the frame, and therefore the

result ing coef f ic ients w i l l  be a correc t approximat ion for

that segment. The set of linea r equations may now be

written

R(j) = ~~~a. R( I- j )

I =1
lj J  ~~m

These equations may now be solved for the linear pred i ctive
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c o e f f i c i e n ts , a., 1 ~ i j rn.

If the system being studied is stationar y or we are

only cons i derin g a pseudo-statIonar y segment of the system

output, and If the order of the model Is sufficiently close

to the order of the rea l system, fu ture va lu es of the

var iable may be ca l culated recursively from previou s

values . In the following section we will  see how thi s

theory is app lied to speech model ing and r econstruct ion.

B. LI NEAR PR ED I CT I VE COD I NG FOR VOICE ANALYSIS

The dig i tal model used for speech synthesis is shown in

figure 8. The discrete time excitation function is e(nT)

and the synthesized speech output Is s(nT).

1w 
_ _ _

~~~_~~~ NT~ 
~~~~~ J 

s (NT )

_ _ _ _ _  

LFILTERJ

FIGURE 8. SPEEC H SYNTHESIS MODEL

The voca l tract filter is assumed to be all— p o le and

therefore can be represented by the z-domain equation

mH(z )  S (z )  = 
-

E(z) m
TI (z—p . )
I— i

• Mu lti p lying out the denominator and dividin g both numerator

and denom inator by ~
m y ields .

~ 

— 

~~ 
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H(z) S(z) — 1
m

E(z) 1— ¶‘ a. z

Th is z—domain equation is converted to a discrete time

doma i n equation as follows

S(z) C i-~~~a.i
4 ) = E(z)

1 =1.

S(z) = E(z) +~~~a.z’ S(z)

H
s(nT) = e(nT) a.s((n-i)T)

1=1
- 

If the excitation function e(nT) equals zero for a given -

samp le, then this equation is sim ilar to the first equation

in the previous section on the theory of linea r prediction.

The coefficient s of the z—domain filter transfer function

are equivalent to the linear p rediction wleghting

coeff icients.

Ana lysis of the sampled speech waveform is used to

ca l culate the pred i ction coefficients which are then used

In an inverse fil ter to determine the excitation function

from the i nput speech. This inverse filter may be

represen ted as

32 
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m

E(z) = 1 —

S(z)
I —i

or as

E(nT) S(nT) a; s ((n-i)T)

I =1

and is construted as shown in figure 9.

s (NT) 
_ _ _ _ _ _ _ _ _ _ _ _ _ _ _ _ _ _ _ _ _ _  _ _ _ _ _+

_ _  

a1 s((n-~)T)

FIGURE 9. INVER SE FILTER

The i npu t speech has been broken Into vocal tract

characteristics determined by the prediction coefficients

and excitation signal characteristics which remain to be

determined . During the encoding proces s the outpu t of the

Inverse filter may also be cons i dered an error signa l

because It Is the difference between the actua l speech

sampl e and the predicted speech sample.

Durin g vo i ced speech the voca l tract filter in figure 9

acts as a model for the total transfer function wh lch ls

due to the glottal pulse shape, the actua l vocal tract

shape and the outpu t reflection at the li p s . Idea ly during

33
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vo ced speech all of these effects are removed by the

Inverse filter and the error function Is a train of

I mpulses at the pitch frequency .

During unvo i ced speech the physica l exc i tation function

is a pseudo—random air pressure variation caused by

turbu l ence at a constriction somewhere along the voca l

tract. This wide—band source is fIltered by the portIon of

the vocal tract between the constriction and the li p s . This

portion of the vocal tract will resonate at cert lan

characteristic frequencies but normall y the number of peaks

in the frequency domain response wi l l  be fewer than for

vo i ced sounds because of the shorter segment of the vocal

tract in use. During encoding of unvo i ced speech the outpu t

of the inverse filter is pseudo—random because the I nverse

- 

fi lter can~ t predic t the outpu t due to the random I nput.

The speech model Is not compl ete with just the

determi nation of the coefficients of the voca l tract

filter. During speech reconstruction it is necessary to

know :

(1) Wh I ch exci tat ion signal , pulses or noise , to
use.

(2) ExcI tation pulse period for vo i ced sounds .

(3) The gain multipl i cation factor.

Al though these quantities are not necessarily determi ned

us ing linear pred i ction theory, they are none the less

requ ired for a working speech encoding/ decoding system .

Dur ing encoding, the marked difference In the erro r

31e
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si gna l for voiced and unvo i ced speech can be used as the

basis for the voiced/unvoiced decision. The energy of the

error si gna l for vo i ced speech should be rather small in

comparison to the energy of the i nput samples . On the other

hand, dur ing unvo i ced speech the pred i ction is poor and

most of the energy rema i ns after filtering. The ratio of

the average energy or root-mean-square value of the speech

samp les to the similar quantity of the error signal can be

used to make the vo i ced/unvoiced deciss !on. This ratio is

compa red to an empi ricall y determined threshold and the

segment is cons i dered vo i ced whenever the ratio Is greater

than the threshold.

The gain used during reconstruction is the ampli tude

mu lti p lier of the excitation signa l at the inpu t of the

voca l tract filter. The gain used during unvoiced speech

may be sim p ly the root-mean—square of the erro r signal.

This gain coefficient Is multi pli ed by the output of a

random number genera tor wh i ch produces normally distribut ed

numbers with a root-mean-square value of unity.

The gal,, of vo i ced speech may also be determined from

the root-mean—square value of the error signal. However

durin g reconstruction of vo i ced speech the entire energy of

the excitation signal Is concentrated In a series of

I mpu lses wh i ch should have the same root-mean—square value.

The root—mean-square value of a series of discrete-time

i mpulses w i t h  ampl i tude, a, and a per iod, p, intervals is

approximated by

35
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—’ 2 j 1/2
rms [N ~ X ;  j

1=1

rms ~ r~ r~ 2 1 1/2
- L N P  a l

~ N>> p

—1 / 2
rms~~~a p

The Output of a unit impulse generator should then be

multi p lied by

1/2
G rms p

to insure that the same energy is inpu t to the vocal tract

filter as was outpu t by the filter during encoding. The

above method for ca l culat ing the gain needed during

recons truction is based on the assumption that the

prediction error for voiced speech Is caused entirel y by

the physical excitation function of the speaker. However

the pred i ction error may be increa sed because the vocal

tract was changing shape ra p idly during the analysis frame

• or because of background no i se at the micro phone wh i ch

wou ld not be removed by the I nverse filter. Either of these

would cause an unwanted gain i ncrease during

reconstruction. A typica l voiced speech waveform and the

error signa l generated from it are shown in figure 10.
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(A) VOICED SPEECH
WAV E FORM

(B) E R R O R  S I GNAL
W A VEF ORM

FIG URE 10

The relIable determInation of the Di tch period of

vo i ced speech is a problem for wh i ch the i dea l sol u tIo ~, is

stf II undeter-nlned . The p erI od ic increa se in the amplitude

of the error sIgna l at the pi tch period is show n in clgu re

10(b) and suggests the use -~f the error sIgna l in pi tch

period determ Ination. A number of algorithms ex Ist for

determination of the pi tch period which generally i nvolve

various comb i nations cf the fol lowIn g processes .

(1) Rai sin g the error ~l~ nal to a given power.

U) Low— pass f ilt er l n . of the error signal.

(3) W indowIng the error sign al.

(L i ) Calcu latin g the autocor — elation function of the
filtered error signal.

(5) PIck i ng the peaks of the au tocorre lati cn
function.

Exper i ence has sho’~n that pitch determinati on is

computa t l onally as difficult as the LPC parameter
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determi nation and the literature on the subject illustrat es

~he trade—off between hardware , sof tware , computation time

and rel I abilIt y from method to method .

C. LPC COMMUN ICATION SYSTEMS

A rev i ew of existin g LPC communication hardware is

usefu l because any method wh i ch alters formant and pitch

characteristic s of speech will be most successfu l If it is

compatable w ith these systems .

Current ly  o f f—the—she l f microprocessors are not fas t

enough to handle the algorithms descr I~ ed In real-time .

However special pu rpose units wh i ch are des i gned along

co~iputer lines, do meet the real-time criteria. On the

surface th e word ‘computer ’ migh t not seam to fit these

special pu rpose machines , but a closer look wil l  reveal

that each has components wh i ch are the same as those of a

computer: stored programming, memory, inpu t, output , an

ar I thmet ic  logic unit (ALU ), an ins~truct ion set, and

control components. Two processors wh i ch were developed at

MIT ’s Lincoln Laboratory will be used to illustrate the

state of the art in LPC voice terminals and certain

similarities In their architecture wil l  be evident. The

first processor is the more flexible of the two and is

des igned to hand le a wider verit y of algorithms . The second

was developed about a yea r later and was des i gned

specificall y for LPC algorithms with cnl y mino r changes .

The first processor to be covered Is the Lincoln

-~~-~~~~~ - ~~~~~~ - -~ —~-1
_ 
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Di gital Voice Termina l (LD VT) which was des i gned and

constructed at the Lincol n Laboratory during the 1973—75

time frame. This processor Is capable of carr ying out 18

mi l lion basic Instructions per second with a 16—bit by

16—bit multi p lication taking fou7 times as long. The

execution timc for each instruct ion ls 165 nsec . which

seems to conflict with the instruction rate. This Is

resolved by the p i p el i nin g of the three portio ns of each

basic Instruc tion: fetch , decode, and execute. The

processor has separate memor ies for data and the program.

The data memory capacit y Is 512 16—bit worcs and the

program memory contaIns 102! 16—bit instruc tions . The

p ip eline Instructio n processing requIres that the buses to

and from the ALU be seperate and each is uni directional.

Figure 11 shows the data paths of the LDVT (none of the

control or timi ng lines are shown). There are four active

registers: the P register wh i ch Is the program counter wi th

~nu l t ip l exed inputs from the address portion of the

Instruction , the ALU , the s~m of the X register and the

addres s portion of the ins t ruct ion, and it se l f  Incremented

by one; the X register wh i ch Is used for indexing memory

addresses ; the A register wh i ch is the accumulator; and the

• 3 reg Ister wh ich Is actuall y a pair of reg is te rs  used for

input and output.
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FIGURE 11. LDVT DATA FLOW

The ALU of the LDVT as shown separately in figure 12,

has two sections : a standard programmable ALU wh i ch

performs logic al , addition anc compare operat ions ; and a

16—bit by 16—bit multiplier array wh i ch provides a 32—bit

result in just ! cycles . Either of these may be used with

any inpu t, however due to their common input and output

on ly one may be used at a time .

it Is significant to note some of the requirements

brought on by the p lpel in ing  of the instruct ions . The

- device does not have a main bus over which data flows In

both directions . Generally all da ta flow Is unidirectiona l
- 

and i,i the case of the ALU input buffer registers are

- I
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needed to hold the data for the instruction being executed

while the next instruction may have already read a value

from memory and pu t this on the ALU Inpu t line. in addItion

to LPC algori thms at 2Li03 , 3603 and Le300 bi ts per second ,

the LDVT has been programmed for adaptive predi ctive cod ng

at 3000 bIts per second and as a channel vocoder at 21iO0

bits per second .

Return Bus

_____________ ________ 
elect 

_____Shift I 
~~~~~ 

j ” I a~trt

~~~~~~~~ 

.

__________  _____  _-—-J
- 

~~ 4
_!_] 

E~ 

- 

R 
~~~~~~~_ j ’ul!~l1t 

~~~~~~~~~~~ {~~~,n t ro i I - -

Source ~emori
Regist er

F I G U R E  12 . LDVT ALU

The second speech processor is the ‘Jnear Predictive

Codin g Microprocessor (LPCM ) which is d isIg ;~ed str i rt l y as

a low cos t LPC terminal. The basic cycle time for this

mac hin e Is 156 nsec. The data memory has .~K 16-bit words of

which 1.5K Is ROM and ~.5K is RAM . The program memory

cont ains 1K of Le3- b it  words . The LPCM Is a~mos t f re e of

Li ’
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ins tructIon decoding, wi th the only exception being the ALU

opera tion. Figure 13 shows the Instruction forma t and In

figure 1! it is ev i dent that parts of the instruction

register are being input as control functions . ~igure 15 Is

a block d iagram of the LPCM and shows the two buses and the

large number of registers needed to control the data flow.

While these machines have var ying degrees of

ada p tabilit y , it does not appear that either could handle

the additiona l computations described In the follow i ng

sections wIthout major hardwa :- e modi fi:atlons . However, a

specia l purpose LPC code converter wh i ch could ae used In

conjurction with an exi sting terminal could probably be

developed wh i ch would operate In real-ti n e and not load the

ex istin g processor.

L~2 
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Constant or address index for use
by the CpZ

Halt when se t
MO-~ Use save d c~irry bit during th is inatr
coo~ Save carry bit from output of CP~
____  

Set interrupt lockout
____ 

Release interrupt lockout

Control of jum p instructions
— and tests

_ _ _  0
U-

m Supply address for CPE B latch
z
0

CU D Not used I—.
0

.*

Supply address for OPE A latch -

_ _ _  z

~~~ 
____ 

Strobe selected register to receive
0 output of CPE

~~~ 
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~ Control routing of kLU output in CPE —
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~~—btt Shift  Selec t

1.bit Shift

A B Q Register
La tch Latch

Prom
Memory -_ _____

I/o
Select Se leot

Co. 10, 1.

Arithmetic Logic Unit

I
Select

~o Memory, I/O

FIGURE 14. LPCM CENTRAL PROCESSOR
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i
V. ADJUSTMENT OF VOCA L TRACT PARAMETERS USING LPC

I

One reference to vo i ce cha racteristic modification was

found by the author [Ata l and Hauneur , 1971]. A lthough

scaling of pitch , forrnant frequency and formant bandwid th

was stated to have been accompl i shed , no description of the

work was given . Other l it e ratu re  did provide useful

info rmatIon on formant frequencies and pitch periods which

are typical for various speakers, It should be noted that

there is a consIde rabl y larger variation , from speaker to

speaker , In p itch period than In formant frequencie s. As an

examp le , two speakers , saying the same phoneme could easily

have pitch periods that varied b y a  factor of two, yet have

only a 10—20 per cent varIatio n In formant frequencie s.

Diffe rent physical structure (vocal cords and the vocal

tract) produce these speech characte ristics (pitch period

and formant frequencies , respectively) and therefore their

variation from speake r to speaker is only p artiall y

correlated.

The coded Information produced from input voice by the

LPC processor is very closely related to the phy sical

structure that is producing the sound. On outout , speech is

reconstructed from the gaIn , pitch period and

voice/unvoIc ed parameters as well as the voca l tract

prediction coefficients, The gaIn ari d p itch period can be

varied as they stand but the variati on of the pr ediction

-— _ _ _ _ _ _ _ _ _ _ _ _ _ _
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coeffic ients is somewha t more complicated. The goal of

varying these coefficients before reconstruction is to have

the outpu t vo i ce have different p itch period and formant

frequenc ies while retain ing a natural sound and retaining

the same in forma ti on, i. e. the same sequence of phonemes

and voice Inflection.

Voice characteristics are associated with certain

parameters of the LPC code. First , formant frequencies and

bandw idths are associated with the LPC coefficients. The

ampl i tude of the outpu t vo i ce Is associated with both the

gain coefficient and the formant bandwidths. The

relationship between output ampl i tude and the formant

bandw idth Is due to the increased energy in the Imp ulse

response of a narrow bandwidth (high Q) transfer function.

This is noted physically 1’,y the fact that speakers with

highly resonant vo i ces may speak louder for the same amount

of energy expended . The pitch period Is controled by the

pitch period coefficient only . Finall y, the voice/unvoiced

decission would normall y not be changed. The exception

would be if one was reconstructing whispered speech (the

vocal cords are stationary ) from norma l speech.

A. ADJUSTMENT OF FORMANT FREQUENCY AND BANDWIDTH

The voca l tract model we are usin g has all rea l

coeffic i ents in the z—domain pol ynomial. Following directly

from this is the fact that all poles must fall either on

the rea l axis of the z—plane or in complex conjugate pairs .

“7
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Each of the complex conjugate pairs Is associated with one

formant (resonator) of the speech model The vocal tract

transfer functIon Is the product of these resonator

transfer functions which are each of the followIng form

- 1.
H (z) — —2 1T( BW ) T5 -1 -‘~‘1t( SW ) T~ -2
f 1—2e cos (2TT F T3 )z  + e z

where F Is the center frequency of the formant , f , and 8W

is the bandwidth of the formant. The pole locations

assoc iated with this transfer function are

z * x •~ . 
jy

This pair of poles must be moved in order to alter the

frequency and bandw i dth of this resonant section of the

vocal tract model , but this must be done carefully so that

the poles remain Ins I de the z—p lane unit circle, If the

des i red modificat ion of the inpu t speech is to reduce the

bandw i dth (h,crease Q)  of the formants , the poles must be

moved closer to the unit circle. If the distance from the

center Is multiplied by a constant factor , there Is a

dan ger of moving poles outside the unit circle and thereby

causing Instability during reconstruction. However, the

magn I tude of the pole is always less than one and may be

ra ised to any po sitive power without dange r of crossin g the

unit circle, It is shown as follows that raising the

magn I tude to a factor Is equivalent to multI p lyin g the

forman t bandwidth by that same factor.

The transfer function wi th the complex conjugate poles

above i s :  

~—~~——.—-—- - — - —- -- - —‘——---—- - -__ 4 
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1
H(z) -1 2 2 —2

1-2x z + (x +y ) z

However with the pole locations In polar form

x - A c o s 9 Y A s i n 9

and mak ing use of

2 2
cos 9+sln 0-1

the ecuatlons becomes

1
H~z) — 1 2 —2.

1-2A cosa z +A z

SettIn g the terms of the character istic equations equ.~l i .~

-et

-Z1T (8W ) T~2A cosa = 2e cos(2Tt F T~
)

and

2 —Li Tt (9W) T~A - e

when so l ved for  A and 0 gi ve

— 2T (BW)
A e

9 21 T F T

and i nversely

F = 9 / 2TI TE

BW- — (—in A ) / lil T5

i f new forman t charac ter i s ti cs, F’ and SW ’, are des i red

where

F’ — IF

and

L
~9 
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SW ’ ~~BW

they may be Impl emented by moving the pol es of the

characteristic equation so that

a ‘ 7e
and

i n A ‘ am  A

whIch reduced to
a

A ’ zA

Th is method of I mpl ementing the pole shIfts guarantees

that no uns table poles will be created and Is used In the

fol low i ng section in the realization of a LPC voice

modif ication system .

3. GAIN ADJUSTMENT

The filter coefficients reconstructed from the

relocated poles above may not have the same zero frequency

gain characteristic as the filter used for Inverse

f i l t e r i ng  dur ing encoding. This situation can be

Il lustrated graphically by the two vocal tract transmission

characteristics shown in figure 16.

G- (fl

_ _ _ _ _ _ _ _ _ _ _ _ _ _  _ _ _ _ _ _ _ _ _ _ _ _ _ _

BEFORE PROCESSING AFTER PROCESSING
(A) (B)

F I G U R E  16. F O R M A N T  G A I N
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A lthough the formant frequencies in 16(b) are lower than

the corres pond i ng frequencies in 16(a) as was desIred , the

overal l gain was also changed . This would cause the

reconstructed speech to be much softer than desired .

A solution to this problem was to adjust the excitation

func tion gain used during reconstruction. This adjustment

factor would be equal to the ratio of the zero frequency

ga i ns of the ori gin a l and modi fied vocal tract filters. The

voca l tract has the foil o~.ing z-domaln transfer function.

1
H(z) — p

1+~~~a;z ’

1 —1

The above equation can be evaluated at

ill
z = e

to obtain the gain at frequency f. Eva luatIn g the above

transfer function at faQ yields the follow i ng equations .

~~

and

1
G ( O )  = p

1+ ~~~a.

1 =]•

Th is equation can be easil y evalua ted for both the

coefficients of the voca l tract transfer function

calculated from the input sequence and the coefficients

calculated from the altered pole locations . The gain

multi pli cation factor is then multi p lied by the energy

51
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measured in the error signal to get the excitation gain to

be used durin g reconstruct i on.

C. PITCH PERIOD ADJUSTMENT

The adjustment of the measured pitch period may almost

go without explanation except to note that If the pi tch

perIod is Increased and all other coefficients remain

unchan ged, the output speech would be softer. This is due

to the reduced energy (impulses less often) bein g inpu t to

the vocal tract filter and the resultin g lower energy in

the outpu t speech.
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V I . COMPUTER SIML ’LATION OF PITCH AND FORMANT M flD IFICA T ION

The p rocess of pitch and formant modificati on was

carried out on the IBM 360 Computer with the input arid

output being accompli shed on a hybrid system consisti ng of

a COMCOR 5000 analog comouter and an XDS 9300 dIgi ta l

computer . The interface between the XDS 9300 and the i3M

360 was seven track d i g i tal magnetic taoe . A ll work was

done on fIve secon d segments to allow sufficIent length for

ana l ysis while not using excessive computer processing

t I me.

A . VOIC E IP~PUT ~ND DIGITAL a~MPLI’~1G

The Input voice was recorded on a standa rd single tract

audio tape recorde r at 7 1/2 Inches per second (Ips).

Recording was done with a hi gh quality microphon e In a

qui et but riot sound—oroof room. This di giti zi ng was done at

half speed to allow the dIg ital comr~uter to write the data

onto tape without missi ng any data . This recording was

playe d back at 3 3/ Lb ir, s with the output directed to an

ampl ifier of the analog computer . The voice was amp lified

to a l evel approoriate for the a-ialog computer (a ±100 volt

machine) . The arnol i-FIer output was passed through two

forth—orde r ana l og filters set at 2350 Hz arid 2~ 00 Hz cut

off frecuencies. The output of the filters was th,n put

into a samp l~ and hold circuit at the Inout of a 1k—b it

53

~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~ 
- -

~~~
. . - - -

~~~ 
.- _-~ 

, ‘ -



~~-—~~-~~~~---~~~~~~~~~~-

ana l og to di g Ital converter , The 1~ bits produced were

read by the X DS 9300 and place~1 In the most signI ficant

bIts of the 2~ bit XDS 9300 computer word. This p rocess Is

Il lustrated in figure 17.

LOW SAMPLE ANALOG TO

~~~~~~~~~~~~~~~

FIGURE 17, DATA ACQUIS ITION

The samo l ing rate used was 5000 Hz. However the voice

r~cordIng was playad back at half spe’d and there~nre the

equivalent l owness f i l te r  cut off and the eq u iva len t

sampl ing rate we re about ~750 arid 10 ,000 Hz respectiv ely.

B. XDS 9300 OPEPAT IOP4

The operation off tha XOS 9300 du ring the Inout phase

was simo ly to read the data av ail ah i ’~ at the output o~’ the

analog to di gi ta l converter and place this data in an

a rray . IThen an arra y of 102k sample s was fill ed It was

wrItten onto a seven tr~c¼ magnet 1~ tape . This was done

continuously so tha t no data was lost between blocks. The

voice 5~~gr r , n~ as It existed on the seven track tape

consisted of 50 blocks of 1O2~ samples . Each sample was

5”
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recorded In a intege r format ranging from +8388607 to

t —8388607 (±.(2**23~ _1). This tape was then used as the input

to the IBM 360.

C. 1 514 360 INPUT PREPA RATION

When the 2Li—b lt word, seven track tape created by the

XDS 9300 was read by the IBM 360, the mach ine

repre sentation of the va l ues was not correct. This was due

to the add ition of the eight bits shown in fIgure 18,

2~4—B it  XDS 9300 Word 

~~~~ ~~~JIIII J II lII
32-Bit Word Read by Jo~~~~oL Jo~~~~o~J JJJJfflJ J
Corrected IBM 360 Word 10 0 0 ~~~~~~~~ ~~~~~~[~j ffljj
FIGURE 18.

The data conversion program (Appendix A.1) was used to read

the data from the seven track tape and move the bits of

each va l ue as required. The program did not make the

conversion from ones complement repre sentation (XDS 9300)

to twos comp l ement reore sentation (IBM 360) because any

error caused woul d be we ll bel ow the 1k—b it quantizatio n

erro r. At th is point the data was converted to floating

point repre sentation with value s between ±100.0 and the

average va l ue of each sequence was calculated and

subtracted from each data point. This Insured that the
I

input was a zero mean function . Each data sequence was
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written Into a sepa rate file of a standa rd nine t rack i ’3M

360 tape for ease of further handl Ing.

0. SCOPE OF S I M U L A T I O N PROGRA M

The goa l of this resea rch was to demonstrate the

feasibility of voice modification and as a result only

certain a rea s we re studied. Spe cificall y , all prog rammI ng

was done with the standa rd IBM 360 floating- point

ar i thmet ic , making no allowance for the e~ -fects which woul d

be caused by the shorter word length and Integer

representation used In most voice processing systems.

Further study of that a rea is warranted and woul d be

especiall y critica l in the determi nation of the pole

l ocation , which is covered later .

The system degradation by backgroun d no i se in the input

speech was not studied except to note that the

voiced/ unvoiced declion thre shol d would need to be adJusted

for a noise environment.

Although the programs were written to allow variation

In the orde r of the prediction , number of samples per frame

and samp l ing Interval , these were not varIed. A 12th orde r

voice tract filter was used throughout and proved to be

satisfactory . The analysis frame length was 25.6 msec .

(256 samoles) and also remained unchanged, in any future

use of these programs with a diffe rent frame length ,

attention would be required by the Input format to insure

that the analy sis frame length Is an integra l mu ltiol , of

56



the inpu t record length .

Fina l ly, In the following descri ption of the programs

the term ‘LPC coeff i c i en ts ’ will refer to the coefficients

of the vocal tract model filte r. The term ‘LPC parameters ’

will refer to the entire set of parameters needed to

reconstruct the output speech , i.e. the LPC pa rameters

consi st of the LPC coeff i c ien ts, the gain parameter, the

p i tch period and the voicing ind i cator.

E. LPC ENCOD I NG

The first step of the encoding process was to determ i ne

the filter coefficients. These coefficients were used in

the inverse filter for determination of the error signal.

The root mean square values of the input and error signals

were compa red to determ i ne if the frame was vo i ced or

unvoiced. F inall y the pitch period was determ i ned for

vo i ced frames . This program is listed in App endix A.2.

1. LPC Coefficient Determ i nat ion

Determ i nation of the LPC coefficients was done wit h

the autocorrelation method in the subroutine named AUTO .

F irst , the inpu t data , s(n), was windowed by one of four

ava i lab le  windows producing a temporary array,  t( n ), of the

w indowed data.

t (n)  W ( n )  x s (n)

The discrete autocorrelation of the temporary array was

calculated for the discrete displacements of zero to the

predictor order , p.
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R(j )  ~~~ t ( i)  t ( i~ j )

i—I.
0~~~ j ~~ p

The next step was the solut ion of the following matrix

equa t Ion.

R(~~i-j f ) a. R(i)

J aj

- 
1~~~ i~~~~p

The auto correlation matr ix in always p ositive definate ,

symn etric and all values along a given diagona l are equal.

A par ticularl y efficient method of solution is available.

This method Is attributed to Durbin IMakhoul , 1975 1 and is

implemented in subroutine COEFF. Ourb in ’s al gor ithm Is

recursive and calculates the predictor coefficients for the

Kth order from the coefficients for the (k-i.)th order. The

jth coefficient for the kth order predictor is a.(k). The

recursion formulas follow .

E(0)  • R( 0 )

a.(k) {R(J) - 
~~~a .(j-1) R (J_ i)J/E (k_i)

i —1

a.(k) • a. (k—1 ) — a (k) a .(k—].)
J k ~~ —j

1 .�. j .~~ (k-i)
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2
E(k) (1—a~ (k) ) E (k—1)

E(k) Is the predicti on order error resultin g from limi tin g

the pr edictor order to k.

Durin g the programming of COEFF the subroutine TEST

was wri tten to perfo rm and print the results of the matrix

mu ltipl i cation, Durin g the In i tial testing of the program

var i ous w i n dow func ti ons were used In  AUTO , however the

pred iction order error did not change significantl y with

the window function used,

Certain researchers have noted that a lower order

f ilter may be used during unvo i ced speech. If this is

des i red , the coeff icients for the l ower order filters could

be stored during the recursive steps of the algorithm above

and later , when the frame is determ i ned to be unvoiced , the

l ower order filte r coefficients would be available without

fur ther calculat ion.

— 
The coefficients , a., used in the main program are

the coefficients of the characteristic pol ynomial of the

filter with a assumed to be un i ty.

1
H(z)~~ p .

~~ a.z’

i~~O

Therefore the negit ive of the va l ues calculated in COEFF

were returned to the main program .
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2.  Error Signa l Determination

The e r ror  s I gnal , e(n), is determ i ned by

subtractin g the predicted sample va lue , ‘ (n) from the

actua l value, s(n).

e(n) • s(n) — ~(n)

s(n) • -
~~~~~ a. s(n- i)
i—i

e (n) * ~~~(~~~~~) + a. S (n-l)
1~~~1

Th is operation is carried out by subroutine ERR. In order

to make a correct error determination at the beg in lng of

eac h f r a me, a numb er of samples equal to the order of the

predictor were saved from the end of the previous frame .

This el iminated additional error signa l energy caused by

poor be ginlng of frame prediction and reduced the

possi bi l i t y  of an i ncorrect voicin g decision. Another

possible solution to this problem would be just not

analyzing the error for the first few samples of each frame

and making the appropri ate changes in the follow i ng

rout ines that use the error signal.

3. Voicin g Decision

A compa r ison of inpu t signa l energy and the error

signa l energy was used to determine if a p articular frame

is vo i ced or unvoiced. Although the roo t mean square value

of each set of data is actuall y proportional to the square
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root of the energy in the signa l , the root mean square

value was used in this comparison . Whenever the root mean

squa re value of the inpu t signal divided by the root mean

square value of the error signal was greater than a

th resho l d va l ue, th e frame wa s de te r m i n ed to be vo i ced and

the voicing indIcator was set to one. Otherwis e the voicing

Ind icator was set to zero .

Ii. . Pitch Period Determ i nation

The error signal was used in subroutine PITCH for

determ inat ion of the pi tch period of each vo i ced frame.

Fi rs t  the error s ignal  was passed through a recursive 5th

order Butterworth f i l t e r  with an 800Hz cut off, to smooth

the signal. Ex tra samples of the error signa l and filtered

erro r signa l were saved from frame to frame (zeroed during

unvo i ced frames) to insure a correct filtered error signa l

at the be gining of each frame . The degradation of the

system if this was not done was negligible but plots of the

filtered erro r signal would have shown discontinuiti es at

the begining of each frame if this had not been done . The

frame was windowed to eliminate end effects and the

autocorre lation function of the filtered error signa l is

calculated. The portion of the autocorrelat lon functIon

from 12 to 180 samples was searched for peak values and the

pitch period set equal to the location of this peak.

Figure 19 shows a typica l autocorrelation function and the

portion of the curve searched for the peak va l ue. The peak

p icking algorithm checked to insure that the value chosen
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was not on the downslope of the center peak and was not a

mino r peak wi th a large r peak at a longe r pItch period.

Ree~T

REGION SEARCHED
F I G U R E  1 9.

Although this pi tch determ i nation algorithm worked

. 

satisfactoril y in this program it i s  p r o b a b l y  not as

accurate and flexible as certain other , more compl i cated

techniques available. It was used only for pitch periods

from about 3 to 9 msec., bu t was satisfactory for them .

F. LPC PARAMETER M O D I F I C A T I ON

The purpose of the program was to demonstrate the

modification of vo i ce characteri stics. The system was

des i gned so that only the LPC parameters were needed to

make the des i red modific ations. No other measurements of

the inpu t speech are needed. Of the parameters calculated

from the Inpu t speech , only the voicing indicator rema i ned

unchanged. The LPC coefficients are varied as required by

the des i red formant frequency and bandwidth changes

require. The pitch period is varied sepa ratel y and the gain
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Is adjusted to correct for changes caused by formant

bandwidth modificatio n.

1. LPC Coeff icien t Modification

The mod ification of the LPC coefficients is

accomplish ed by three subroutines : POLES , ALT , and NEWCF .

Subro utine POLES ca l culates the z-plane pole locations from

the LPC coefficients. Subroutine ALT changes the locations

of the pol es according to the various scale factors

specified by the main program. The new predictor

coeff icients are calculated by subroutine NEWCF.

The predictor coefficients , a., are provided to

subroutine POLES to get the p order z-domain po l ynomial

which is factored into its component roots, the z-plane

poles of the voca l tract  f i l t e r .  This  f ac to r i za t i on  is

done w i t h  l i b ra ry  routine ZRPOLY wh ich was s u f f i c i e n t ly

accura te and produced complex conjugate pairs wh i ch were

exact complex conjugates. This sim p lified the prob l em

wh i ch came up later , of separating the real poles and the

complex conjugate pairs so that the proper scalin g factor

could be app lied to each. The inpu t po l ynomial had all

rea l coefficients and therefore all the roots are rea l of

In comp lex conjugate pairs. These poles are placed in a

complex array and returned to the main program.

The subroutine ALT was provided with the complex

array of pole locations and it sepa rated them into separate

arrays of real and complex poles. Each complex conjugate

pole pair was entered as one entry In the complex pole
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arra y. The scaling factors provided to subroutine ALT

consisted of:

(1) FSC — Formant frequency scaling factor

(2) BSC - Formant bandwidth scaling factor

(3) RSC - Real pole scaling factor

( Lê ) RUM - Rea l pole magnitude lim i t

(5 )  SP - Sampl ing period

The polar coordinates were determ i ned for each pair

of comp lex conjugate poles and the magnitude, A, and angle ,

8, of each were considered separately . The magn i tude was

ra ised to the power of the bandwidth sca le  factor and the

angle was multi pl i ed by the frequency scale factor .

BS C
A ’ • A

8’ 8 x FSC

The modified magnitude , A’ , and angle , 8’, were used to

determ i ne the complex location and the calculated pole and

its conjugate were put in the pole vector for output.

During the alteration process each complex pair of poles

was checked aga i nst a constant magn i tude of 0.98 to insure

that numerical ins tab i lity or repeated impu l ses would not

cause excessively large Outputs.

Each rea l pole was multiplied by the rea l pole

scale factor and checked to insure that the magnitude was

less than the limit prescrib ed . The effects of varying the

rea l poles was not studied and a rea l pole limit  of 0.95

- proved to guarantee sufficient damping of the output to

6k
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prov ide a nearly zero mean output.

The poles from both the rea l and complex pole

arrays were comb i ned into one array for return to the main

program . Subroutine ALT also provided graph i cal and

printed Outpu t of the pole locatIons , before and after

modification when this was des i red . Figure 20 is an example

of the graph i ca l output which shows the z-plane pole

l oca ti ons before and af ter modi f i ca ti on , in relation to the

unit circle.

14x x+\
(x 

_ _ _ _ _ _

“tx
X+

F I G U R E  20. VOCA L TRACT POLES
X INPUT

+ AFTER MODIFICATION

Subrou tine NEWCF performed the task of mul ti p lying

the poles to ca l culate the coefficients of the modified
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charac teristic equation for the vocal tract filter. This

opera tion was done In double precision arithmetic because

the predictor coefficients bein g calculated often differed

by on ly small amounts. This process would require close

study before this system could be implemented on a short

word l ength processor.

2. Pitch Period Modification

The p i tch period was modi f ied In the main program

and consisted only of converting the p itch period (an

integer) to floatin g poin t representation , multiplying by

the pitch period scale factor, and reconverting to fixed

point representation. Although changing the p itch period is

r e l a t i ve ly  s im p le , a number of other changes are caused by

modifying the pitch period. if the pitch period is

shortened the gain must be reduced to make up for the

increased energy being inpu t to the vocal tract filter.

The relationshi p between the p itch period and the formant

bandwidth also requires further study, It appears that the

formant bandwidths (Q’s of the vocal tract resonators)

should produce a impulse response wh ich is significantly

attenua ted by the time the next Impulse is inpu t to the

filter. There is most likel y a feedback effect between the

vocal t ract  resonators and the vocal cords v ib ra t ion  rate

wh i ch is not considered by the model used . This effect is

noted in the graph i ca l output as sharp discon tinu ities at

the point where each new impulse is generated .
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3. Gain Adjustment

A lthough overall gain of the system can be adjusted

easil y at the output , the relative ampl i tude from frame to

frame mus t be retained durin g the processing. The gain

coeff i c i en t, root mean square of the error function , is

adjusted to account for the change in the energy of the

vocal tract impulse response brought about by the bandwidth

changes. As was described earlier the ratio of the ori gina l

and modif ied vocal tract f i l t e r  gain a zero frequency is

used to estimate the ratio of inpulse response energy.

Although this is not strictly true, as long as the scaling

factors are limited to those which produce realistic

speech sounds, this appears to work very we ll. The zero

frequency gain of the ori ginal vocal tract fil ter , G (in ),

is ca l culated before the LPC coefficients are modifi ed .

p

G (in) = a.

I =0

The value of both a0 and a~, is un i ty. After the

coeff icients are modified the same calculation is perfo rmed

again.

p

G(out) =

1 *0

The root mean square of the error signal , rms(E), is

multi p lied by the ratio to obtain the new gain c~,effi~~iint ,
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rms ’(E) • rms(E) x G (in) / G (out)

G. SPEECH RECONSTRUCT iON

Recons truction of the sampled speech waveform , from th~

n-iodifled LPC p~r&n~ ters i~ acccr~~llshed by subreut ine

RECCN. This routine not only decodes both voiced and

unvoiced sp eech , bu t also makes allowance for the

transition of varying parameters from frame to frame . The

LPC parameters from the previous frame are saved between

calls to subroutine COEFF and are used durin g the current

frame when needed. It Is also necessary to save outpu t

values from the previous frame to allow the recursive

ca l culation of the output values at the beg inin g of the

curren t frame.

1. Unv ioced Speech

During continuo us unvoiced speech (as opposed to

the previous frame being voIced ) the new LPC parameters are

used immediately upon entry to subroutine RECON. The

exc i tation function is determined by calling a library

rout ine GGNOF which returns normally distributed random

numbers wi th zero mean and a varian ce of urity , and

mul t ip ly ing  the va lue returned by the gain parameter. The

exci tation function is changed for every output sample to

simulate the continuous exci tation caused by turbulent air

in the voca l t ract .  The vocal t ract  f i lt e r  is implemented

by the recursive addi tion of past values of the Output to
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the exc itation function. The z—domain transfer function

s(z) 1
e(z) • p

1 +~~~~ a.z’

i•1

is implemented with the discrete tIme functIon

p
s(n) e(n) — a. s ( n — 1 )

i- al

where s(n) is the output sample and e (n) is the exc i tation

function.

2. Voiced Speech

Durin g vo i ced speech a certain amount of continuit y

must be main ta ined from frame to frame . This  was

accomplished by allowing any uncompleted pulses from the

prev i ous frame to finish before the parameters are changed .

I mmediately upon entering the subroutine during vo i ced

spe3ch the pulse per iod counter is tes ted to see i f i t  is

equal to the former pulse period. If the forme r puls e is

not ccm plete the rout ine goes ahead and recursively

ca l culates the outpu t values . Upon complet ion of a pulse

from a forme r frame or any pulse during the current frame ,

the new LPC parameters are used to replace the old one.

There was a d i rect  replacement for a l l  parameters exce pt

the gain coefficient. The geometric mean of the -~ld and new

gaIn coefficients is used for the gain on the current pulse

and the old gain replaced with the gain iust calculated .

This provides for the difference between the old and new
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gain parameters to decay exp onentiall y but prevents sharp

changes in ampli tude from frame to frame and make the

outpu t speech more natural.

3. Transition Frames

If the current frame and the previous frame were

not of the same type care must be taken to insure that all

parameters are changed together. If LPC coe ff i c ien ts  for

unvo iced speech were used w ith a pulsed output an unnatural

sound would be likel y to be produced. Durin g the

transition from unvoiced to vo i ced speech , the retained

values from the previous frame are normall y small in

comparison to the amp litude of the pulsed excitatIon

function. Therefore t~ e vo iced speech production may begin

immediate ly. s-/hen the opposite is true, the large

ampl i tude samples near the beg ining of a output pulse are

significantly larger than the unvoiced exc i tation values .

Therefore whenever unvo i ced speech follows a vo i ced frame ,

the previous output pulse is allowed to finish. The

damping that occurs during the vo i ced pulse normally

reduces the magn i tude of the samples near the end of the

pulse to the point where they wil l  not interfere with the

unvoiced speech to follow .

H. OUTPUT PROC ESSING

The reconstruced speech sam ples are outpu t onto a

s tandard nine track IBM 360 riagnetic tape. Thes e values

were later  input to a data convers ion program (A ppendix 

70 
_ _ _ _ _ _



- 
---- - — --

~~~~~~~~~~~~ . TT ~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~
---

~~~~~~~~
——-

A.le) wh i ch converted the floating poin t values to Integers

wh i ch were in the proper forma t for the XDS 9300 and within

an appropriate range for the XDS 9300’s digita l to ana l og

converter. The necessity of us i ng a seven track tape for

data tra nsfer s t i l l  ex is ted , so the s ig n i f i can t  bit of the

integers had to be shifted into the proper pcsit lon so that

none of the eight bits dropped durin g the wrIting of each

value onto the seven track tape would effect the data.

This tape was i npu t to the XDS 9300 which vi a the di gi ta l

to analog converter made the samples available on the

COMCOR 5000 in analog form .

These samples were Outpu t at a rate of 5000 per second

thru a sample and hold circuit. Again two low pass filters

were used to remove the time quantization noise from the

samples. The analog waveform was recorded at 3 3/k Ips on a

standard tape recorder which could be played at 7 1/2 ips

to hea r the reconstruced speech.

1. GRAPH I CAL OUT PUT

The programs describ ed above were also able to produce

a varit y of graph i ca l outputs to assist the researcher in

follow ing the signals through the LPC processing. The

waveform s available from these programs are:

(1) inpu t speech

(2) Error sign al before filtering

(3) Error signal after filterin g

(~e) Reconstructed outpu t speech
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The z—plane pole l ocations determ i ne the formant

frequencies and bandwidths and were also avail able for

graphica l display. A seperate program (AppendIx A.3) was

wri tten to display the logarithmic power spectral density

of the inpu t and output speech for a number of consecutive

frames and proved usefu l in analysis of the outpu t quality.

- 
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V II. RESULTS

The des i red result of this study was the reconstruction

of speech at differen t pi tch and formant frequencies than

that of the input speech. The complete process of

encodin g, mod ification and decoding was accomplished for

three 5-second segments of speech. Upon completion of the

process mos t listeners agreed that although the i nput

speech was female , the modified output speech sounded

typi call y male. Although the audio outpu t was somewhat

lacking in qualit y it was Intelligible.

Examples of the pri nted and graph i cal computer output

are given in Appendix B. Two examples are completely

covered. The first 38k msec . segmen t (15 frames) is of the

vowel ‘e ’ and the second segment is of the transition from

- a fricative to a voiced sound , ‘sa ’, from the beg ining of

the word salt. Both were derived from a recordin g of a

female speake r were reconstructed first without

modificat ion and then w ith mod ificaa tions wh i ch consisted

of reduc tion of the pitch frequency by a factor of 0.58 and

reduc tion of the formant frequencies by a factor of 0.88.

First the i npu t waveform with the l ogarithmic power

sp ectral density plot of that portion of the speech is

g iven. Examples of the printed processing summary are next

and are followed by the waveforms of the error signal and

the filtered erro r sIgnal. Plots of the vocal tract pole
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l ocations are shown with the poles at input superimposed on

the poles after modification. Finall y , speech waveforms for

bo th unmod i f i ed and mod i f i ed output wi th their  respect ive

logarithmic power spectral densit y functions are displayed.

The aud io output is available from the author on request ,

in the form of an audio tape recordin g . This tape

recording is described in detail in App endix C.

The results above demonstrate the feasibilit y of the

use of linear predictive coding as a techni que for voice

modification . This research also indicated areas in which

further study and Improvement may be made . Some of these

ar eas are :
- . (1) The effect of noise durin g voiced speech on the

prediction error and on the gain calculated from
the error. It may be possible to use only the
energy occuring at the peaks of the error signa l
and thereby attribute the remainder of the error
signal as be ing due to noise.

(2) The effect of the use of different window
functions in autocor re la t lon  function ca l cu la t i nn
and how this variation effects pi tch period
determination and the voicin g threshold.

(3) The p ossibilit y of constructin g a LPC
processing system wi th asyncronous clocks for the
frame time r and the output sample gereration. This
would produce a very similar effect to that
accomp lished here , but probabl y at a reduced cost.

- 
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V i i i  . C O N C L U S I O N S

W i t h  the refinement and standardization of LPC

commu icat ion processors, the ratio of processing time to

real time for unaltered communication is expected to drop

below the current 65%. The available computation time may

be used for the pitch and formant al teration described

above or for other modification which can be accomplished

at either the transmittin g or receivin g processor and still

allow real time voice communications.

A number of possible application s of the speech

frequency characteristic modification described are :

(1) A d i gi tal hearin g aid for persons (such as the
author ) wi th high frequency hearing loss.

(2) Radios in militar y vehicles which would produce
speech in a frequency range different than the
range of the predominant noise in the veh icle , i.e.
low pitch voice in turbine aircraft with h igh
frequency no i se and high pitched voice for
helico pters and tanks where low frecuency noise is
most prevalent.

(3) Vo i ce channel jammers which would produce
random phoneme s with pitch and forr”ant
characteristics similar to the current users of the
chann el.

As LPC commun ications systems become common because of

their low data rate requirements, the use of the LPC

parameter modification wil l  be desired to extend the

flexib li ty of voice communica tion and storage systems .

Frequency modification is one viable process -ava l lab le.
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~i’8IS PA~~~~ IS B~S7 QUALITY PRACflCA3L~
FROl OOFY 1~~ ESH~~ TO DDC — . 

-

APPENCIX A .I. SEVEN TRACK TO NINE TRACK T4PE CONVERSION
PROGRAM

D I t d E t ’I SI ON IDAI ( 1024 1  DA T( 53248 1
FACTOR a 100.0/(2.O**h )
REW iND 2
REWIND 4
Na 1CZ4
(=0

5 ~~z) (+ j

IF(K.GT.13) STOP
6 8S IJ~~~ a 0.0
7 .1=0
8 J=J+1

LF(J.LE.50) GO TO 10
12 READ (2,15,END *200) IDAT

GO TO 12
10 REAC (2 ,15,END=200 ,ERR=60) IDAT
15 FJRMATt12d (8A4))
17 CALL FORM( IDAT ,N)

~J (  J—1 ) *1024
SUM = 0.0
00 20 1*1,1324
II * I+JJDAT( I I)  F LOAT ( I DAT U) ) * FACT O R
SUM = SUM + OAT (II)

20 CONTINUE
SUM = SUM/1 024.
WRITE (6,’5) J,K

25 FORMAT (4~ X,’* RECORD ‘.13,’ OF FILE ‘,13,
* ‘ HAS BEEN READ *1)

• IF (J . L E.1)  W P IT E ( 6 , 30 1 K ,S UM , ( O A T( L ) , L = 1 , 1 0 24 )
30 FO RMAT ( ’  FILE *1 , 13 , S AVG = ‘,E].6.7//(1X,8E14.71)

IF (J .LE.1)  W R IT E ( 6 ,3 1 )  IDA !
31 FO R MA T t 1 X , 8 1 15 )

BSUM = BSUM + SLIM• 90 GO IC S
200 Js J—1

WRITE(6,205) K,J
205 FORMAI ( END CF FILE ‘.13 ,16

* ‘ RECORD S HAVE BEEN REAO’
eSUM = BSUM/FLDAT (J)
00 55 J=I,512D0
DATIJ ) a DAli J)—BSUM

95 CONTINU E
W R IT E (4 ,9 8)  ( OAT h ) ,Lz1 ,51200)

93 F)RMA T ( 128A~4)
ENEFILE 4
WRITE (6,30) K,BSUM ,(OAT (L) , L 1  .1024)

100 G0 10 5
60 ~R L T E ( 6  65 ) K
65 ~OR MAT ( Z ** ERR FILE ’ ,13,’ * *1)

GO 10 17ENO
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FROI O0?Y JUR~IS~i~~ TO DI~
C ~~~~~~~

-

APPEN DIX *.2 LIN EAR PREDICT IVE CODING AND VOICE
MODIFICATION PROGRAM

LINEAR PREDICTIVE CODING AND SPEEC H MODIFICATION
C PRCGRA t’
C
C SAMPL EC SPEECH IS iNPUT VIA  FILE FTO2FCO1 (TAPE OR
C DISK )  IN FORMAT 128A4 FOR EFFICIEN T STORAGE
C
C SPEEC H IS ENCODED INTO LPC CONSI STING OF PITCH PERIOD
C L L P P ) ,  VOICED/U NVOICED DECIS ION ( IV F I,  GA IN FACTCR
C ( R M S E T ,  AND LPC CO EFFICIENTS (A l l ) )
C
C MODIFICATIONS TO CHANGE POLE POS ITIONS MAY BE SPECIFIED
C SAMPLED SPEECH IS RECONSTRUCTED AND CUTPUT ONTO FILE
C PT O3FOO1, A LSO IN 128A4 FORMAT
C
C PROGRAMMED BY G.T.HALL, 1578
C 

DI MENSION X~256),A(14) XX (14) E (256),XO (256 )
DiMENSION EF(256),ES (5 ,EFS (5J~,zERC(256)COMPL EX P(14)
DA TA X X , E F S , ES ,Z E R O/ 2 8 0*O.0/

C SET VO ICE/ UN VO ICE THRESHOLD
C

THRESH = 2.05
I W L P ~ = 1

C
C SET ORCER OF PRECICTO R
C

IP = 12
C PLOTTE R OUTP UT
C 1= INPUT 2=ERROR SIGNAL
C 3=FILTERED ERROR 4=OUTPUR
C 5=POLE LOCATI ON (FiRST NPLPLT FRAMES)
C

IXP LT = 5
NPLPLT = 10

C
C SET IWRXX * 1 FOR PRINTEC RESULTS FROM SUB
C

I i 4 R = 1
IWRERR = 0
.IWRAUT = C

IWRA LT I
I W R P P = 0
IWRPOL = 0
IWR ~ C = 1

C SET ~IOCLFLCA1ION S DES IRED
C (FSC) FREQUE NCY SCALE COEFF
C (BSC ) BANDWIDTH SCALE COEFF
C ( PSC )  PIT CH PER IOD SCALE COEFF
C ( RSC I REAL POLE SCALE COEFF
C (RLIM ) REAL POL E MAGNITUDE LIMIT

( SP )  SAMPLING INT ER V A L

FS C = 0.8
BSC 0.6
PSC = 1.73
RSC * 1.0
RL.IM = 0.95
SP = 0.0001

SET NUMBER OF SAMPLES PER FRAME
C

P 4 * 2 5 6

-
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TUIS PACI! IS 8~~ST QUALITY ACTICABI~
,?~~oo?Y ruR~IsuzL ToDDC

SET NUMBER OF FRAMES ( NFRA ~4 E) AND NUMBER OF
C FRA MES SKIPPED BEFORE FIRST ANA LYZED
C

NFRAME )5
• ISK1P = 28

IF LSKIP.LE.O ) GO TO 2
03 1 ~~

READ (2,15, END a 999) IX (J ) ,J at ,N)
• 1 CONTiNUE

2 IF( IXPL T. LT .5.ANO.IXPL T.GT .0 )  CALL ~PLT IN(N)
00 200 ~ I,NFRAM E
READ (2,15, -END = 999 ) (X ( J ) ,J = 1 , N )

15 FOR MAT (12 8A4)
• IF ( -IXPLT .EQ.1 ) CALL V P L T IX )

C
C DETER M IN E RMS VALUE OF SPEECH SAMPLES
C

CALL RMS (X N,RMSX)
IF ( IWR.EQ. j )  WRITE (6, 20) I , RMSX

20 FOR MAT ( ’ I . FRAME ‘ ,14//1. X, ’SM S VALUE OF SAMP LE S a 1 .
* F18.8)

DETERMINE PRED1CTCR COEFF BY AUTOCORRELAT ION MET I-OD
C

CALL AUTO (X , N  A IP , IW I r ~, IWR A UT )
IF ( ZWR .EQ . I ) Wt~I fE(6 ,21)  ( (J ,A (J f l ,J = 1 , I P)

21. FORM A T (/ LX, ’ PR ED ICTC R C O E F F IC I E N T S ’ / ( L OX , 13 , 1 X, F 1 8 .8 ) )
CC DETE RM INE ZE RO ~REQ GA its CF VOCAL TRACT TRANS FCt’
C

G L t . 4 = 1 . 3
DO 22 J a 1,.IP
GIN = GIN + A ( J )

22 CONTINUE
GIN = 1.0/GIN
IF (IW R.EQ.1) WR ITE (6,23) GIN

23 FDR~ A T ( / ’  G IN =‘ ,F lO .S)
DET ER MINE POLES OF CHAR ACT ER ISTIC EQ UATION

C
CALL POLES (A ,IP ,P,i’øRPOL,ICK)

INVERSE FILTER SA MPLES TO GET ERROR SIGNAL
C

CAL l . ERR (X,N ,A , I P - , E ,X X )
I~ 

( LXPLT.EQ .2) CALL VPLT ( E )
IF ( IWR ERR.EQ .1)  WRITE (6 ,25 )  ( E ( J ) , J  1,N)
FORMAT ( 1X ,LOF1Z.4 1

C DET ERMINE RMS VA LUE OF ERROR
C

CALL. RM S (E,.N,RMSE)
IF ( .IWR.EQ.1 ) WR ITE (6, 30 ) RM SE

30 FORMAT (/ IX , ’ RM S VALUE OF ERROR = ‘ .9.8.8 )
RAT IO = RMSX/R MSE
iF ( IWR.E Q.1) WRITE (6 40) RATIO

40 FORMAT (/1X,1RATI O SAMPLE RMS IC ER R CR RMS = ‘ ,F18.8 )

2 TEST IF VOICED CR UNVOICED
-
~~~~ C

-~~ I V F = Q
IF (RAIIO.GE .THRESH ) Z V F  a
IF ( IVF .EQ.1) ~~ITE (6  41)

41 FORPAT ( / ’  THIS FRAME I~ VO ICED’F )
IF ( IVF .EQ.O) ~~ ITE (6 42)

42 FO RMAT (/ ’  THIS FR AM E I~ UNVOI CED ’ / )
IF UNVOiCED B Y P A S S  PITCH DETECTION

jF ( IV F4Q.Q) QO TO ~5
cAL L P11i.H ~M,e ,EF,E~~,EFS,IPP ,IW RP P )

r-
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ThIS FAG! IS B~~~~T QUALITY PRACTICA~L1
FROI COr 7Y FUKMSH1~J) TO DDC

IF ( IXPLT .EQ.3 )  CALL VPL .T (EF)
GO TO 49

2 IF UNVOiCED ZERO SAVED POST FILTER EPRCR
C
45 CO 46 J 1.5

EFS (J )  ~ Q•Ø
46 CONT INUE

IF ( IXPLT.EQ.3 )  CALL V P L T ( Z E R O )
• 2 DETERM INE NEW PITCH PER IOD

C
49 IPPN a IF IX ( FL .OA T ( I PP)* PSC+ O. 5)
2 ALT ER POLE LOC A TI ONS
C

IF(I. EQ.1 .ANO .IXP LT. EQ.5) CA L L~ PL O T S ( I A , I B , I C )
IF( I .EQ.NPLP~ T.AN D. IXPLT . EQ.5 ,  IXPL T= O
CALL AL T 2 ( P ,,-S C,BS C , RSC , RL IM ,SP , IP , IWR A L T , IXP L T )
~R IT E ( 6 , 5 1)  IPPN

51 F O R M A T (/ ’  PITCH PERIOD AFTER MOD IF ICAT ION ’ ,13)

2 CALCULATE NE~ PREDICTOR COE FFICIENTS
C

CALL NEWC FU P, P, A , IW RMC )
03 SC J a 1,IP
JJ ~ J -..N— IP
X X ( J )  * X ( J J 1

SI) CON TINUE2 DETERMINE ZERO ~REQ GAIN CF VOCAL TRACT TRANS FCIS
C

GOU T * 1.3
DO 52 J = 1,.IP
GOUT = GIUT+A (J I

52 CON TIN UE
GOUT = 1.0/GOLT
IF ( IW R.EC.1 ) WR IT E ( 6 ,5 3 )  GOUT

53 FO RMAT (/ ’  C DLT ‘ ,Fj O,5)
C
C ADJ L ST OUT PUT GAIN
C

RMSE * RMSE*GIN/GOU T
CALL RECON (A,LP,RMSE ,IVF ,IPPN,N,XC)
IF (I WR .EQ.1) WR ITE (6 54) (XO (L),L ~ I.,N)54 F OR M AT L / ’  OUT PUT SA M PL ~ S ’ / ( 1X ,1OF13 .5))
IF (IXPLT .EQ.4) CAL L VPLT (XO )
WRITE (3,15) (X3 (J),J=1,N)

200 CONTINUE
999 IP EN a 999

CALL PLOT (A, 8, IPEN )
STOP
END
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TRIS FAG! IS BEST QUALITY P?LCflCA~~~
FROI )FY PUECIISHZI) TO DDC

SUBROUT INE AUTO (S,N, A,IP,IWIN,IWR.)

DET ERMINE LINEAR PREDiCT ION COEFFICIENTS FOR A SET OF
C INPUT SAMPLES USING THE AUTOCORRELATICN METHOD

2 5 = VECTOR OF INPUT SAMP LES• C N = NUMBER OF SAMPLES
C A = V ECTOR OF PRED ICTOR COEFFICIENTS
C IP = NUMBER OF PRE D L CTCR CCEFF C ORDER CF MODEL )
C IP.LT.17• 2 IW.L N * TYPE OF WINDOW ( SEE SUBR WINDOW )
C IWR a 3 NO PRINTING OF PREDICTiO N COEFFICIENTS

REF: MAK H OIJL: t Its EAR PREDICT iON
C PROC IE EE, APR 75
C 

DIMENSI ON S ( 1 ) ,T (5 1 2 ) , R( 16 ) ,4 ( l )
CALL W INOW (S ,T , N, IWI NJ

C
C CALCULATE A (JTOCORRECATICN
C

RD = 0.0
00 10 I t ,N
RD = RD 4 T( i )**2

10 CONTINUE
00 30 J 1.,IP
SUM = 0.0
NN N—J

DC 20 1=],NN
SUM SUM+T (I)*T(I+J )

20 CONTINUE
R (J) = SUM

30 CON T INUE
IF (iwR .EQ .1P ~RITE (6,31) RO, (R (L),L=1,IP)FOR MA T (/1X,’AUTOCOREL V ALS ’,F16.5f1X,8Fl6,5/1~ ,EF16.5)

C SOLVE MATRIX EON FOR A VECTOR

CALL COEFF (RO,R,IP,A,1WR)

2 TAKE tsEGITIVE OF PREDICTOR COEFF TO GET
C COEFF OF CHARACTERISTIC EON OF FILTER
C

03 ~C I = 1,IP
4 (I) — AU )

60 CONTINUE
IF ( LWR. N E.O) WR I TE IÔ, 70) ( (I,A( IH, I=I,IP)

70 FJR MAT (/1X,’PREDICTOR COEFFIC LENTS’/ (LOx,13,1X,F18.8))
RETURN
END

C
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ThIS FAG! IS B~ST Qu ALITY PRLCTIeA3IJ
FROl OOFY ?d~cM SHED TO DDC

SCBROUTINE COEFF (RO,R,N,A, IWR )

C SOLVE S THE MAT RI X EQUATION FR A = R
RR * AUTOCORREL ATION MATR IX

C RR a R(9) RU) R(?).......R(N-1)
C R~L) RIO) R(j) . .. . . . .R(N—Z)ç R~ 2) RU) R(O).......R(N—3)
C . . .
C R ( N — 1) R (N—2) R(N—3).....R(0)

2 R ~ AUTOCORR E LAT ION V ECTOR
C R * R (j)
C R(2)
C S(3)
C
C PIN)

2 a VECTOR OF PREDICTOR COEFF
C A 4(1)
C 4(2)ç A ( 3 )
C
C 4(N)

METHOD ATTRI BUtED TO DURBIN AS OESCR18EC IN
C ‘LINEAR PREDICTION ’ BY MA KHOUL ,PROC IEEE APR 75
C P. 566
C

DIMENS ION AK (20),AO (20) ,A (20) ,R (2C)
2 FIRST I TERATION
C

EQ RO
AP ((1) = R (1)/E0
& ( 1) * A K(1 )
E a (1.O— AK ( 1 )* * 2 ) * EO
EO~~~~E
AO ( 1) a A ( 1)

C
C FOLLOWING ITERATIONS
C

00 100 1 a 2,N
V41 w

SUM aO.O
0-3 20 J ~ 1,IM1a I—J
SUM * SU M+ R( IMJ) *AO (J )

20 CONT INUEA K ( 1 )  = ( P ( L ) — SU M ) # ’EC4 ( 1 )  a AI((I)
CD 30 4 a 1,IMI
IMJ a
~(J )  a A 0 ( J ) — A K ( I ) * A O U M J )

30 CONTINUE
E a (1.O—AK(’fl**2)*EO
E Q a E
DC 50 4 1.1

= A (J)
50 CONTINU E
130 CONTINUE
C
C PRINT E (REMAIN ING ERROR DUE 13 LIMITING
C ORDER CF APPROXIMATION ) AND A CiIECK CF SOLUTIO N

IF DES IR ED
l c ( I W R . E Q4 )  ~‘RIT E(6 , 1O3. ) E

101 FO R MA T ( ’  SUB CO EFF E* ‘ ,F 18 .8)
IF ( 1WR.E Q.1 ) CAL L TEST(A,R0,R,N)
RETURN
END
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THIS PAGE IS BEST QUALITY PP~&~~ICA~LI
FROM OO~~~ YUJthI SHED TO UlI C

SUBROUTIN E TEST (A,RO , R,IP)

2 MULTIPLIES PREDICTOR CCEFF VECTOR
C A BY THE AUT OCORRELATION MATR IX RR AND CHECKS
C THE VALUE AGAINS T THE A& J T OC O RRE L AT ION VECTOR
C TO INSURE ACCURATE SOLUTION.
C 

DI MENSiON A (IP),R (IP)
DO 1C I 1,IP
SUM = 0.0

DO ~ 4 
a 1,IP

L = IABS (I—J )
IF(L.EC.O) SUM = SUM+A(J)*R0
IF(L.NE.0) SUM = SUM+A (JI*R (L )

9 CONTINUE
W~ LTE (6,35) I,R (I),SUM

15 FO RM AT ( ’  R ( ’ ,12, ’ )  a ‘ ,2E14.4, ’ = S I M ’ )
10 CONT INU E

RETURN
END

SLB ROUTINE POLES (4,IP,P,IWR,ICK )
C
C CA L CULATES P CL~ES OF CHARACTERISTIC ECN FROM
C PRECICTOR COEFFiCIENTS AND IF WANTED PRINTS
C OR PLOTS THOSE POLES
C

C A = VECTOR OF PREDiCTOR COEFFICIENTS
C IP = tsLMBE R CF CCEFF ANC POL ES
C COEF F 40 IS ASSUMED TO ~E 1.0C P = COMPLEX VE CTOR OF POLE LOCATION S
C LWR a Q NO P R I N T I N G  OF POL ES
C ICK = 0 ALL POLES INSIDE UNI T CIRCLE
C = 1. POLE OUTSiDE UNIT CIRCLE
C

DIMENSION A (1),B (21),X (20),Y (20),NA$E (20)
COMPL EX P(11
9( 1) = 1.0
CD 10 IaL,IP
LI - 1+1
8(11 ) = A ( I )

10 CONTINUE
L I P  I P+1
CALL ZRPOLY (B,IP,P IER )
IF (IWR .ME.O) WR 1TE~6 20) UI PU)) I=1,IP)20 FORMAT ( //LOX,’POLE S ~F CHAR &QN’/ (LOX,13,1X,2E14.7))
I C K = O
~O 30 I 1,LP
IF (CABS (P (I)).LE.1.0) GO TO 30
I C K = 1
IF (i~R.NE.O) WRITE (6,25) 125 F)RM~ T(2OX, ’P0LE NUMBER ‘ .13,
* ‘ ABOVE IS OUTSIDE UNIT CIRCLE’ )

30 CONTINUE
RETURN

j END
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)

SUBROU TINE ERR (S , N ,A , I P , E,SX )
C DET ERMIN E AN ERRCR V ECTOR CF DI FF ERENCE
C BET?~EEN AC TUAL SAMPLE VALUES AND THE
C VALUES PREDICT ED FROM PAST SAMPLES.

• C
C S z VECTOR OF SAI~PL E S
C N = NUMOER OF SAMPLES
C A = VEC 1OR OF 9R E DI CT O R COEFF
C ZP ~ NUMBER OF PREDICTO° COEFFC E VECTCR OF ERROR VALUES
C SX a EX TRA S A M P L ES C IP OF THEM 1
C SAV ED FROM LAST FRAM E
C
C THE ERROR ZN THE DIFFERENCE BETWEEN THE
C CURRENT SAMPLE AND THE WEIGHTED SUM OF
C THE LAST IP SAMPLES.

DIMENSION 5 (1),A(1),E(]),r( 542),SX (1)
00 10 Isl,IP
T ill a S X ( I )

10 CONTINUE
DO 20 Ia1 ,N
T (IsIP) = S U)

20 CONTINUE
DO 4C I—1,N
SUM a 0.0

00 30 J*1,Ip
11 = 1 +4— 1

= IP J+1
SUM = S U M + T ( I 1 )* A (J J )

30 CONTINUE
E ( I )  = 5 ( 1 )  + SUM

40 CONTINUE
RETURN
END
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THIS PAGE IS REST QUALtTY FBAC?1C’~LI
F*)* OO?Y ?JR~ISHED TO 000

SU6ROUT IN E P LTCH (N, E,EF,ES,EF S,LPP,IWR )

2 DETER M INES PITC H PER IOD ( I N  NUMBER OF SAMPLES )
C FROM THE ERROR S iGNAL OF iNVERSE FILTERED SPEECH

2 N a NUMBER OF SAMPLES

E a ERROR VECTOR
C
C EF a F I L T E R E D  £ R R C R  V ECTOR (OUTPUT )
C
2 ES ~ FIVE SAVED ERROR SAMPLE S

C EFS a FIVE SAVED FILTERED ERROR SAMPLES

2 !PP a PITCH PERICO (OUTPUT)
C
C LWR = 1 FOR PR.LNTING DURING SUBROUT INE
C
C

DIMENS ION E S ( 5 ) , E F S ( 5 ) , E ( 1 l , E F ( t ) , R t 2 5 6 1
DIMENS ION X I (2 61 )  ,~~O (26 L )

C
C FORM F~LTER1NG VECTOR (N+5)
C

03 10 1*1,5
X1 ( I)~ ES( 1)XO ( I) EFS (I)

10 C O M I N U E
ITEMPaN+ 5
00 15 1a6,ITEMP
IIaL— 5
XI (I)=E (I1)

15 CONTINU E

C 
03 20 1a6,ITEMP

C BUT1ER WO RTN DIGITAL FILTER CUTOFF AT 800 HZ
C

• X O ( I )  Q.447451235E~~3*XL (LI+C .22372562E_ 2*XI (L_1)
* ~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~
* +0.22372562E~ 2*XI (1_ 4)+J.447451239E~ 3*XI (I_5 l
* #3.41O7723I*XO (I-Il—4.782~~CE â7*X3 (I—2)
* #3.4Z533523*XQ(I~ 3)~~t.24~ 29545*XO (I~ 4)
* +0.185257941*x3(I—51

C
EF ( 1— 5 )  aX O (  I)

20 CONTINUE
00 30 Lat , 5
ES ( Z)-=E ( L - ’ N — 5 )
EFS C 11= EFI 1 4N—5 I

30 CONTINUE
1W ( 4a4
CALL WLNDW (EF ,XQ,N, LW LN )

2 CHECK FOR PEAK S 1.2 TO 18.C MSEC
C

LTEM PCaN— 56
IF( iWR .E~ .J) WRITE (6,33) ((EF (L),XO (L) ),La1,N)

33 FORWA1(1X,J~~F33.5)DO 50 Ia1,ITE MPC
SUMsO .0

• LTEf PAaN— 1
00 40 J —1 , IT EM P~SLJ M.SUM+XO (J ) * X J( J  ‘1)

40 CONT iN UE
R( I I—SUM
IF( IW R. E Q,1 ) W R L IE ( 6 ,4 1)  I , R( I l

41 FORMAT (’ FILTERED ERROR AUTOCORRELA 1 L QN FQR’,14,
* F1a.s)
IFH.LT.33) GC TO 50
LIE ST. 1—25
L F ( R ( I 1 E S ~T) .L T . 3 . O ) GO 10 50

8~e
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THIS PAGE IS BEST QUALITY PRAC1~ICA~LI

CO 45 4= IT EMPB , I ~ PIilC~1SHED TO LWCIF(R (ITEST).LT.R (J)) GO TO 50
45 CONT INUE

L PPaLTEST

46 ~
6 (t6~1f4!~ PE R IOD IS’,14)

RETURN
50 CONTINUE

IPP— 0
• I~RIT ~ ?6 ,55 )

55 FORMAT (///’ SLB PITCH FAILED TO DETERMI NE CORRECT’
* I’ P ITCH,  P ITCH PERIOD SET EQUAL TO 100’f//)
RE TURN
E’ID
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SUBROUTINE ALT2 ( P , FSC , B SC , RS C , R L ZM ,S P ,IP, IW R , IXP L T )

GIVEN IP COMPLEX POLES CF THE VOCAL TRACT
C TRANSFER FUNCTION , CALCUL A TES THe FCRMAP4IT
C FREQ UENC~LES AND BANDWIDTHS AND SCALES THEM
C AS DESIRED. PRiNTED OUTPUT ZS AVAILABLE.
C
C P a VECTOR OF IP COMPL EX POLES
C FSC FREQUE NCY SCALE FACTOR OUT/ZN
C RSC a REAL POL E SC AL E FACTOR
C RLL M a REA L POLE MAGNITUDE L IM i T
C B SC a BANDW I DTH SCALE FAC TOR OUT/ZN

IP a I~UMBER OF POL ESSP ~ SAMPLE PERICD IN SECONDS
C IWR C NO OUTPUT PRINTED 1$B~~ T~ODO 

—
~~C 1 PRIN TED RESULTS t’IL$’~’ ~~~~~~C IXPLT • 5 FOR PLOT OF POLES

C
DIMENS ION FORF ( 14 ),  eW(14)
COMPLEX P(IhCPP (14) ,CSP(14) ,CTEM
DiMENSION XP (-6),YP (6$,LIPEN (6)
DATA XPf3.O,2.75,~ 2.75,O.3,0.OL2.5/DATA YP/~~O.0 1C.O 1O.O 12. 75, —2. 7~~,O.O/
CAT A IIPt:N/—~,3,~ ,3,~ ,3/ZERCaO.O
IFUAPLT.NE.5) GO TO 9

C 
NP E N a 3
CALL NEW PEN ( NPEN )
03 2 1=1,6
CAL L PLOT (XP (L),YP( 1),IIPEN - (1))

2 CONTINU E
lPE~ 2

C
DO 4 Ial, 241
TEM = O.02618* FLOAT ( I)
XX = 2.5 * COS (TEM )
YY • 2.5 * SIN (TEM)
CA LL PLOT ( X X ,V Y , I P E N )

4 CONTINUE
C 

L P E N 3
CA LL PLOT (Z E Q O , Z E R O , IPENI

C
HIEG = 0.25
ANG a 0.0
NC • —1

ITE)I T a 4
NPEt~ = 4
C.~LL NEWP EN (NPEN)

C
00 6 Ial ,IP

a 2.5 * R EAL ( P( 1) )
VY a 2.5 * A IMAG (P (I))
CALL SYMB -CLIXX ,YY ,HIEG, IIEXT,ANG,NCI

6 CONTINUE
C
9 IRP a 0

ICP a Q
C

TEST EACH POLE AND PLACE ~N PROPER A RRAY H

DO 40 Ia1 ,IP
I F i A I M A ~ tP (I)) .E 0.O.O) GO 13 30
LF (ICP .t Q .O) GO T O  20

OC 10 J 1,ICP
LF (CABS (Pi1 )—C DNJG (CPP(J))).LT.O.O01,) GO IC 40

10 CONT INUE
20 ICP’IC P+I

CPP (LCP )a P( I )
$ G0 10 40

30 IRP’IRP41

____________________________________  ______
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~~~ OM OO~~I ,tJR ~~LS~~~~~~
TO DI)C 
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CRP ( I R P )= P( I )
40 CONTI NUE

2 CALOJLA TE FORMAN T FR EQ AND BANDW ZJTH FOR EACH tC
00 50 I 1,ICP
A~CAB S (CPP ( L))BW (I)a(O. O—ALOG (A ))/ ( 6.2831 852*SP )
THaA TAN Z ( A IM AG (C P P ( 1) 1, REAL (CPPC I)
THaA8S (TH)
CORF(  I a TH/( SP*6,2831 852)

50 CONTINUE
ICPMI=LCP—1

$ 00 ~o I—1,ICPMI.
IP1 ~I-s 1

00 55 J a IP1, ICP
IF (FORF (L).LT.FORF (J)) GO TO 55
TE MB W (L )
8W (L) =BW ( 4)
8W (J )=TEMT EMa FOR F( I)
FORF (I )=FORF(J)
FORF (J )aTEM
CTEM=CPP (1)
CPP ( I) zCPP (J)
CPP (J) =CTEM

55 CONTINUE
60 CONTINUE

IF (IWR.EQ .1-) WRITE (6,70) ((I,CP0(I),FORF (1),B~.dI)),
* I=1,LCP )

70 FORMAIC ’ FORM ANT’,I3,’ DUE TO POLES AT ls’,F8.,,
* ‘-+—J* ’,F9.4 ‘ FORMANT FREQa ’,F8.l,’ BANDW ZDT I-a ’,F8.j)

I~ (IRP.EQ .O~ GO TO 85
IF- (IWR .EQ .l) WR 11E16,83 ) U I,CRP ( I)),1=i,IRP )

80 F 3RMAT(’ REAL POLE NUMBER ‘ ,13~ ’ AT Z ‘,2F8.4)
85 IF (IWR.EQ .1) WRITE (6L90) FSC,BSC,RSC,RLIM ,SP
90 FORMAT (/’ FORMANT FR~QU ENCY SCAL E FACTO R = ‘,F9.4,

* ‘ 3ANDWIDTH SCALE FACTOR = ,F8.41
* ‘ REAL POLE SCA LE FACTOR = ‘ ,FS.4,
* ‘ REAL PCLE MAGNITUDE LIMiT = ‘,F8.4,
* ‘ SAMPLE PERIOD =‘ ,F9.6// AFTER MOOL FLCA TION’ )

2 ALTER FORM4NT FREQUE NCIES AND 8ANDWICTI-S
C

CO 100 1aI,4CP
A CABS (C P P (I ) )-**BSC
IFU.GT.O.98) AaO .99
ThI SAT ANZ ( A l MA G( CPP( 1) ), REAL (CP~~( I)) ) *FSCTH=ABS ( TH)
CPP (L )aA *C M PLX (CO S (TH), S IN ITH ) )
B~4 (L )a(O .O—ALOG (A ))/ (6 .2831B52*SP)
FORF (I)aT H/ (6.2831852*SPI

100 CO N T I N U E
C

ALTER REA L POLE LOCATIONS

IF (IRP.EQ.Q) GO TO 115
00 110 I~ 1,IR P
C R P ( I ) = C R P (  II* RSC
TEM—CABS (CRP (I))
LF (TEM.G1 .RLZM) CRPU )=CRP (II*RLIM/TEM

110 CONTINUE
115 IF( IW R .E Q .1) WRITE ( 6 ,7 0 - ) ( ( 1 , C P P ( I ) , F O R F ( 1 ) , 8 b ~

( 1il ,
* 1 1 , Z C P )
I~ ( IRP. !Q.O) GO TO 118
IF ( IWR.EQ .1-) wR ITE(6,3O ) ( ( I , C R P ( U ) , I a l , I R O )

RECON STRUCT ARRAY OF POLES
18 INOs O

DO 120 Iaj,ICP
INDaI NO+).
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THIS PAGE IS BEST QUALITY PRLC?IWal~
P( I N O )— C P P( I )  raoa 0OF~ 7UEaISH.~~T0 Da~C —

iNO~ f~ +PC IN ~I) u C ~INJG (CPP ( I))
120 CONTINU E

IF ( IRP.EQ .0)  GO 10 135
• DO 130 Ial ,IRP

LNC ZND+l
P( I N D)a C R P( I )

130 CONTINUE
135 IF(I~ R. E0.1) ~R1TE(6,140 ) IND• 140 FO R MA T ( 1OX , ’ R EC CN PCL ES’ ,i4 )
c 

ZF (IXPLT.NE.5) RETURN

ITE XT~~~3DO 150 Ia1,IP
XX Z . 5 * R E A L ( P ( I ) )
YV a 2.5 * AIMAG (P(I))

150 
CALL SYMB OL (XX,YY,HEIG,ITEXr,4NG,NC)

IPEN = —3
XX • 5.0

a —10. 0
CALL PLOT (X X , Y Y ,  IPEN)
RETURN
END

!

;

I
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THIS PAGE IS BEST QUALtTY P CTIC~M~
yaoM DOFY J J R~ISH~~ TO DDC

SUBROUT I NE NE WCF (IP ,P, A ,LWR )

DETERMINES THE COEFFICIENT S OF THE
C PRED ICTCR PULYNO r’IAL FROM THE ROOT OF
C THE CHARACTERISTIC EQUATION
Cr IP  a ORDER OF THE POLY NOMIAL

~ P a COPPLEX ROOT S OF CHARACTERISTI C ECN
2 I.E. POLES OF THE FILTER
C A • A R R A Y  OF REAL COEFFICIENTS
C
C IW R a 1 FOR PRINTING DUR IN G SUBR OUTINE

2 IF  ALL COMPLEX ROOTS ARE I~\ CONJUGATE FAIRS
C ALL OF THE COEFFICIENTS SHCULO BE REAL
C THIS CAN BE CH EC KED WITH OUT PUT

C3P~LEX*16 PP (14),AA(14)COMPLEX*8 PUP )
REAL *4 A C I P )
Z a O .O
DO 10 1 a 1,IP
AA(1 ) = PU )
PP( I)  = P (I)

10 CON TINUE
— I K a I P

M a I P — 1
00 4 0 L = 1 ,M

00 30 1 = 2 K
A A ( I) = A A ( 1 ) + A A - ( I — 1 )

30 CONTINUE
K—i

00 20 j a 1,K
4 = I+t.
A A ( I )  a P D ( J J * A A ( I )

20 CONTINUE
40 CONTINUE

K a IP/2
K = 2*K/( IP—K )
DO 50 1 = K ,Z P , 2
A A ( I )  a — A A ( I )

50 CONTINUE
DO 60 I a

J = IP+ 1—1
A (J) =REAL (AA (i))
PP(J) = AA U )

60 CONT-INUE
I F ( I ~~ R . NE . 1 ) RETURN
WRI TE (6,TO) ((I,PP (I)1,L = 1,IP)

70 FORMAT (/’ REC ONSTRUCTED POLYNOMIAL COEFFICIENIS ’/
* 20X , ’ IMA GI NA RY TER MS SHOUL D BE Z E RO ’ /
* (IX,15,F18.3,!18.4)I
RE TURN
END
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SUB ROUTINE RECD N(A , IP ,RMS ,IVF, IPP ,N ,S )
C RECONST RUCTS SPEECH SAMPLE S FROM LPC COEF F, ETCc
C A a VECTOR CF LPC COEFF

• ~ IP = NUMBER OF COE F~ (O RDER OF FILTER)
C RM S = RM S VALU E OF ER R OR SIGNA L
C IVF * 0 UNV O1CED
C — 1 VOICED
C IPP — PITCH PERIOD IN NUMBER OF SAMPLES
C N a SAMPLES PEP FRAME
C S a SAMPLE VEC TOR (OLT PUT)
C 

DIMENSION A ( 1 ) , S ( 1 ) , X ( 2 7 0 ) ,X X ( 14 ) ,AC I I4 )
DATA XX ,~~Ms O, ISE ED,IVF D/15* O. O,1234,0/
00 10 1 1.,LP
X C I )  X X ( I )

10 CONT INUE
NIP a N+I P
NS a

2 IF CURRENT PULSE UNFINISHED DON’T CHANGE COEFF YET
C 

IF (ZVFO .NE.O) GO TO 400

UPDAT E COEFF
RMSO a SQRT (RI~SO*RMS)IF ( IVF .EQ .3) RMSO=RMS
IF (RMSO.LT. (RMS/2.O)) RMSG= RMSI2.O
00 105 I a 1,IP
6 0 ( 1 )  a All)

105 CONTINUE
IVF O a IVF
LPP O a IPP

CC TEST IF VO IC ED
C

IF(IVFO.NE.O) GO TO 300
C
C RECCNSTRUCT UNVOICED SPEECH
C
200 E = RMS O* GG NOF( IS EEDI

00 210 I 1,IP
NSMI a NS—I
E = E—A (I)*X (NSMI )

210 CONTi NUE
X ( N S ) a E
IF(NS.GE.NIP) GO 10 600
MS a NS+1
GO TO 200

C
C START VOICED PULSE
C
300 N P * 1

EX aRMSO* SQR TCFLOAT ( IPPO))

TEST FOR BEGINING OF PULSE PERIOD
• 
~QC IF (NP.GT. IPPO) GO IC 100

E — 0.0
IF (NP.EQ.1) ~ = — EX

C RECONSTRUCT VOICED SPEECH

~O0 00 510 1 a 1,I P
NSM I a MS— I
E a E— A t L ) * X ( NSMI )

510 CONTINUE
NP a NP+
X ( M S) a
LF(NS .GE .N IP) GO TO 600

go

- ~~~~~~~~~~~~~~~~~~~~~~~~ Al
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NS a NS P1
GO T O 400

C SA VE VALUE S AND PREPARE OUTPUT
C
600 DO 610 I —
610 C3NfIN UE~~ 

N+I)
00 620 I - 1N ~~~~~~~ ,~~~i~~ISki~~

D TO
S ( I )  —

620 CONT INUE
RETURN

- END

SUBROUTINE RMS CX , ’I,VAL )

OE’ERMINE THE RMS VALU E OF A SET OF CAT A
C
C X a VECTOR OF -IN PUT SAMPLES
C N ~ NUMBER OF SAMPLES
C VAL a RM S VA LU E RETURNED
C 

OIM~NS1OM X (1)VA L ~ 0 .3
00 10 1 1,N
V 4L — VAL +X (I)**2

20 CONT iNUE
‘ iAL a SQ R T ( V A L I F L O A T ( N ) )
RETURN
EN C

I I

•

•

9] .
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THIS PAGE IS BEST QUALITY PRACTICABLI
FfiOU OOPY ~tJR~ISFLEI) TO DDC —

SUBROUT IN E W IND W CX,Y ,N, IWIN )

2 x a VECTOR OF UNWINDOWED SAMPLES
C Y a VECT OR OF WINDO WED SAMPL ES (OUTPUT )
C N — NU MBER OF SAPPLE SC IW IN — TY PE OF WINDOW
C 0 a RECTANGU LAR (COPY ONLY )
C 1 a HAMMING (ALPHA a 0.54)
C 2 a BA RTLETT
C 3 — BLACKMAN
C 4 — H A N N ING
C 

DIM ENSION X ( 1 ) ,Y ( 1 )
DATA PI ,TWOPI,FOR PI /3.141 5926,6.28fl853,1.2.566371/
LF (LWL N.L T .O.CR.I W IM .GT .4) GO TO 555
AM * FLOAT (N )
GD TO (1iO,210,310,410),IWIN2 RECTAN GULA R WINDOW COPY VEC TO R

C
10 CD 20 I—1 ,N

Y (I) — X C I )
20 CONTINU E

RETURN- (  C
C HA M M ING W IN D CW
C
110 00 120 I=1 ,N

AJ a FLCAT fI —1)
VU) a X (I)*(C.54_O. 6*COS (TWOPI*AJ/(Atsl_1.0)))

120 C O N T I N U E
RETURN

C
C BARTLETT WIN DOW
C
210 M t4 a

I~N N a NN +1
30 220 I—i NN

• AJ a FLOATT4—1)
Y (I3 a X (1)*2.O*AJ / (AN~ 1.O )220 CONTINUE
00 230 IaNNN, M
AJ • FLOAT (L— j )
Y (I) a X CI )*2 .0* (1 .O—AJ/(AN— 1 .3))

230 CONT INU E
RETURN

BLACK M AN WIN D OW

~1O CC 320 IaI,N
AJ — FLOAT(1.—1 )
Y (I) a X (I)* (O.42_O.5*C OS (TW0 PI *AJI (AN ~ 1.O ))

* +O. 08*COS (FORP I*AJ /(A t+—1 .C )))
320 CONTINUE

RETURN
C
C HAMMING WINDOW

~1O CO 420 l—1 ,N
AJ — FLOATU— 1)
V I I ) —  X (I)*0 .5* (1.O—COS (TW OP I*4J / (AN—1 .O )fl

• 420

999 W R I T E - ( 6 , 9 9 8 ):
598 FORMAT (//1Ox ,’** ERRCR SUBR WINDOW * *h / / )

STOP• END

g2
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SUBROUTINE VPLTIN ( N)

2 SUBROUTINE CREATES A VERSA PLOT GRAPH CF 60 FRAMES
C OF VOICE SAMPL ES (128 SAMP LES ~ FRAME )
C
C CALL V PLT IN TO INITIALIZE EACH PLOT

2 CALL VPLT FOR EACH FRAME

2 N—NUMBER CF SAMPLES PER FRAM E• C X—VECT OR OF SAMPLES

CALLING PRO GRAM SHOULD ISSUE
C CALL PLOT (X ,Y ,999)
C TO COMPLET E PLOTTING
C

CIMENSZOM X (768) Y(256),XQ(8),YO (8)
DATA XOIO .O,O . O ,t . O , O .C  7.0 0.0 7.0 0.01
DATA YOI10.,—1O. ,3O .,—1~~.,L~5.,— IO.,jO.,—1O.f00 10 1=1,768
X (IIa FLOA1 (I)/ ]28.0

10 CONTINUE
CA LL PL OTS (IA ,I8,IC)
N PEN—2
CA LL N EW PE N CNPEN )
NPLT 1
IPEN — —3
CALL PLOT (XO (NPLT),YOU~PLT),IPEN)$ IPE T— 2
IX— 7 68
IY=11
RETURN

C
C

ENTRY VP LT (Y )
DC 100 Ia1,N n~ ’~$B~~~ ~‘OD~~~

0 
~~~IX 1X .1

IF (IX.LE.768) GO TO 50
IX—1
LY— IY— t
V Sa2.O+O.7*FLCAT (IY)
IF ( IY .GE.1) GO TO 40
~PLTaN PLT +1.I PEN*— 3
CALL PLOT (XO (N PLT),yO (NPLT) ,IPEN)
I PEN* 2
IX— ’
LYa I O
YS 2.0+0.7*FLCAT ( IV )

40 IP EM —3
YY Y(I)/1 0O .0+YS
CALL P L O T ( X ( IX ) ,Y Y , IPEN)
IPEN— 2
GO IC 100

50 V Y — V ( I ) / 1 0 0 . O.YS
CALL PLOT (X (IX),YY, IPEN )

100 CONTINUE
RETURN
ENC

I
I

93
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APPEN D IX A .3 POWER SPECTRA L DENSITY A NA LY SIS AND
PL OTT I NG PROGRAM

DIM EN S I ON X (256)
REAO (5 ,8 ,END— SO) INUM ,I SKIP ,I WIN

8 F3RM ~T (3I5)IF (ISKIP .EQ.0) GO TO 10
00 5 1— 1 ,1-SKIP
REAC(2,25 ,END— 9a) X

9 CONTINUE
10 M— 8

REAO (2 ,25 ,ENDa9Q) X
CALL PSD I NT (X , M )
CALL SPL INT
(—0

20 READ (2 ,25 ,END— 90) X
23 FORMA T (128A4 )

CALL P S D (X , M , I W I N )
IF(K.L E.6 ) WR ITE (6 ,30)  (X (J ) , J = t ,  12€)

30 FOR PA T (1X ,10F12 .5)
K K+1
CALL SPL (X )
LF(K.Gr. INUM) GO TO 90
GO TO 20

90 IPEN=999
CALL FLOT (AX,Y, I PEN )

- 

~ IT
CT1C

~~~
TO

II

9L4 
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THIS PiG! IS BEST QUALITY PRLCTICABL~
FHOI OOPY FIJRJISHXD TO DDC

SLB ROUTINE SPLI NT

C SUBROUTINE PLOT S THE POWER SPECTRAL DENSITY
C (LOG CF MAGNITUDE ) FOR 128 FREQUENCiES WHICH
C IS INPUT IN MAGNITUDE FORM IN VECTOR Y
C -

C VALUES IN V SHOULD BE BETWEEN 0.01 AI~D 100.0
C A L L  S P L I N T TO INITIALIZE P LOTTING

C
• C CALL SPL IV) FOR EVERY SET OF 128 PSD VAL UE S

2 CALLING PROGRAM SHOULD ISSUE CALL PLOT (X,Y,995)
C W)~EN PLOTT ING IS COMPLET E

DIMENSION Y ( I 1 ) ,X ( 12 8 ) ,V Y ( 12 8 )
DIM ENSION RO RGX (6 ) ,R DRGV ( 6 ) ,G X ( 1 9 ) , G Y ( ] . 9) ’ , IGP IIS)

C
C DATA FCR SIX PLOT ORIGINS
C

CAT A RORGX/O.1,—1 .2~—1 .2 8.8, -1.2, — 1.2 1
c 

DATA RORGY/O.5,4.O,’t.0,—L 7.0,4.0,4.0/

C DATA TC PLOT AX IS
C

DAT A GX/7 . 5  7 .5 , 6 . C,6 . O ,4 . 5  4.5 3 .C ,3 .0, 3. .5
*

DATA GYI0.0, — G. 1,O . O, — 0 . 1,O.0 1—O . 1,O.0 1—O. 1,
* ~~~~~~ .l i 0 .1,0 .800, 0.800, u. 600, O.óuO, 0.4, C.4,
* C.2OO,O.~ OO/
DATA IGP/2,2,3,2,3,2,3, ~~~~~~~~~~~~~~~~~~~~~~00 10 1 1,128
XI 1)=F ~OAT (I—1)*O.05859—O.O4

10 CONTINUE
CALL PLOTS (IA ,18 ,IC)
IFLAG=O
IPLTN=1
I-SCAN—O

15 IPEN=— 3
CALL PLOT (RORC-X (IPLTN ),RORGY (IPLTM ),IPEN)
NPEN 4
CALL NEWP ENINPEN )
00 30 1—1,19
CA LL PLOT (GX (I) ,GY( I) , IGP (I))

30 CONTINUE
N PEN a2
CALL . MEW ? EN (NP EN )
RETURN

C
C

ENTRY SPL IV)
ISC AN a ISCAN + 1

C
C R E T U R N  I MM ED i AT E LY IF PLOT FULL
C

IF(IFLAG.EQ.1,) RETURN
C
C C O NV ER T DATA TO LOG PLOT
C

00 50 1*1,128
YTE MaY ( I)
IF (YTEM .LT.0.100) YTEM=C.100
YY(I)*0.1 0+O.2000*ALOG1OIYTEM )

50 CONTIN UE
IPENa—3
X SCA~1Oa0. 04
YSCANOaO.1
CALL PLOT (X S CANO ,Y S CA NO, IP~~~

)
IPEM*3
CALL PL O T ( X ( 1 ) , Y V ( t ) , I P E N )

-

~~~~ IPEN-2

_
~~~~~~~ ~~~~~~~~~~~~~~~~~~~~



F
AD—A067 556 NAVAL POSTGRADUATE SCHOOL MONTEREY CALIF FIG 17/2

COMPUTER MODELING OF VOICE SIGNALS WITH ADJUSTABLE PITCH AND FO—€TC(U)
DEC 78 G T H A L L

UNCLASSIFIED NL

2r2

I
~~~~ u U

END
p p

6 - 79

I



I

00 60 I~ 2,128
CA LL PLOT (X ( L ) ,Y Y ( 1) , I P E N )

60 CONTINUE
IF USCAN.LE.29 RETURN
ISCANaO 2

~ L~0 ~~~Ztf!a b_
IPLTN aIPLTN+1
IFt IPLTN.LE.6 ) GD TO 15
IFLAGaL
RETURN
ENC

96
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nfl! FAG! IS R~ST QU.ALfl’Y PRACIIOARLI
ThOM QO1~Y ?LJI~IIsH.~

) TO DDC
SUBROUTINE PSCLMT (X,M)

POWER SPECT RA L DENS ITY BASED ON ALGOR ITHM
C PRESENTED BY C M RACER IN, ‘AN IMPR CVEO

ALG3RITHM FOR HIGH SPEED A UT OCO RRELA TI ON
W ill- APPL ICAT ION TO SP ECTRAL E S T I M A T I O N , ’
IEEE TRANS AUDIO,ELECTRCACOUSTICS , V AU — 1 8 , D E C 7 O
X — V ECTOR OF INPUT SAMPLES
$ — POWE R 3F 2 FOR NUMBER OF SAMPLES
IWIN - 0 NO WINDOW

C 1 HAMPING (ALPH A — 0.54)
C 2 BARTLE TT
C ~ BLACKMANC 4 iANNZNG

FiRST CALL IS TO PSDP4T AND THEM EACH SUCESSIVE
C CALL. FOR THAT STRING OF DATA SHOULC BE TO PSO
C 10 START A FRESH STRING OF DATA CALL PSOINT AGAIN
C
C

CIMEMS ION X~2~6),IWK (11)C3$PLEX XN (51~~$,XNP(51Z),Y4 (512), AZ (51Z)
DATA XN XNP/1C24*I C.O,C.O)/
MM ii M+j
MN. 2*N

E SPECIFY COEFFICIENT S NEEDED IN ADCITION
C OF NEXT x~ F) V ECTOR TO CURR ENT X ( F)  V ECTOR

1) ‘~AKE Y (F) VECTOR. IN BIN AR Y REVERSE ORDERS

NNN NN—1
DO q~ i.~ NNN Z
Al L! ) —
IL • 1+1
A I ( I I )  • (—1 .0,0.0)

90 CONTINUE
CALl- FFRDR2 (AL, MM ,LWK )
A ZM~ • 0.0
00 101 I •
XML I) • CMPLX (X (I),AIMG )

~O1 CONTINUE

FF1 OF CURR:ENT X LI I  VECT O R,LAST HALF ZERO.
C

CALL FF12 (X M ,MN ,IWK )
RE TI. RN
USE THIS ENTRY FOR EACH FRAME AFTER FIRST

ENTRY PSD (x,M ,IwIr~1)

N 2**M
N N ’2 PN
AN • FLOAT (NI
ANN • F OAT (NN )
HMG
DO II~0 I •
XNP ( I) — CMPLX (X (I),AIMG )

~1O CO NTINUE
FF1 OF NEXT XLII VECTDR,LAST HALF ZERO.

CALL. FF12 (XNP,MM,IWK )

F0R~ Y(F) VECTCR ,COEFF IN REV BINARY ORDER.

YN (If. (XN ~ 1 )+AI (L)*xNP (I))*CONJG (XNP (I))
1~0 C3Nt INUE

CO 123 1 • 1,IN

97
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I
2 FOR~’ CDNJ G TO PREFORM INV OFT

YM LI ) • C ONJG (Y M( I I1
~23 COP~TZNU E
C INV FF1 OF Y (F) GIVE S RXX (TAU) nISPA~~ISB~~

T
~~C ~~~~~~~~~~~~~~~~~~~CALL. FFTZRV (YN,MM,I %~K)00 143 1 • 1,NN

Y N( I I  • CC~JG (YNCI))/ANN
143 CONTINUE

CALL WINO2 (YN,M,LWLN )
CALL FF12 (YN,M,IWK )
CALL FFRDR2 (~ N,M ,IhK)CO 353 1 • 1,P
X I I )  • CABS (YM (1))/(AN**2 )

53 CONTINUE

C MOV E NEXT X(~~) INTO CURRECT X(F)C
DO 160 1 •
XN (L) • X~4P(1)XNP (L) • (0.0,0.0 )

160 C3NTINUE
RETURN
ENC

SUBROUT INE W !N02 (B, N ,LW LN )
COMPLEX B (512)
DATA P!,TWOPI/3.141!92~~,6.283185/AN • FLCAT (N)

50 GO TO (2 00 ,30C,4 0C, 100) ,I
R ETURN

100 00 190 I *
AJ • FLOAT ( I— 1)
F • 0.5*( 1.0—COS ( ( T WOPI *AJ  ) / ( A N — 1 . G ) ) )
8 (11 • B (I)*F

190 C3NT LNUE
RE TI. RN

200 DO 290 I •
AJ a F L O A T ( I — 1)
F • O.54—O.46*COS ((TWOPI*AJ )/ (AN—1 .0))
8(1) • B(f l* F

290 CJNTI NU E
RETURN

300 D~) 350 I • 1,N
• FLCAT (4—1)

IF(I.LE.(N/2)} F • ?.OlsAJ/ (A N-.1.0)
1F(1.~T. (M/2)) F • ~.O—2.0*4J/~~ M—1 .0)8( 1) • B(I)*F

390 CONTINUE
R ETURN

400 00 490 1 •
AJ • P10411 I—i )
F • 0 .42—0.5 *COS (TWCP I*AJ/ ( AN— 1.CI )+0.08 *

* CCS (4.O*Pi*AJ/IAN~ 1.0))8( 1) • B( 1)* F
490 C O N T I N U E

RE TURN
END

98
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APPENDIX A.4 NINE TRACK TO SEV EN TRACK TAPE CONV ERSION
PROG RAM

DIMEN SION OAT (1024) 1041(1024)
FACTOR• (2 .O**23)/2511.O
HTE STa2** 23.-.1LIESTa—H IEST

R~ W INO 4 Is ~~~ cN•1C 24
CO 200 Ial,NFILES
WR ITE (6,31) I
FORMA T I’  iF lIE ‘ , 14)

00 100 Ja3,50
REAO( 2,15,ENDa19C,ERRz3O) DAT

15 FCR MAT L128A4)
GO TO 50

30 WRITE (6,21 )
21 FORMAT 160X ‘READ ERROR’ I
50 WRITE (6,16f j
16 FORM AT (1OX ,’SECORO HAS BEEN RE AD ’,1 4)

LF(J..EQ.1) WRIT~~(6,17) OAT17 FORMAT (1X ,1OF1Z.3)
C

DO 80 I(~ 1,1O24IDAT (K) IFIX (DAT (K)*F AC T O R I
IF (ZDAT (K).GT.HTEST ) ~R1TE (6 18) I,J,K18 FO RMAT ( 40X , ’T CC LARGE FILE’ ,14,’ REC ORO ’ ,14,

* ‘ ITEM ’,14 )
ZF(IOAT (K).LT.LTESTI WRLTE (6,19) l,J~ K

19 FOR MAT( 40X,’TQO SMALL FILE ’ ,14,’ REC ORO’ ,14,
* ‘ 4TEM’,141

80 CON TINUE

S IFIJ.EQ.1) WRITE16,2O) 1041
20 ~ORMAT (1.X,30I12)

CALL MOR~~(IDAT,NIWRITE (4.25) IDA~25 ~ORMAT (128 ( 844) )
~00 CONT INUE

WRITE (6,26)
26 FOR I’A1(SX ,’ALL 50 RECO R CS REAC ’ )
3.55 READ (2,15,EMOaI 50) OAT

GO T O 155
190 hRIT E(6 ,2 7 1
27 FORMAT(ZX,’ENO OF FILE ’l

ENCFLL E 4
00 CONTINUE

STOP
END

99
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APPENDIX 8.1 COM PUTER ANALYSI S AND MODIFICATION OF VOICED
SPEECH

The 15 frame ( 331e msec. ) segment of speech analyzed In

this app endix is the “long e” sound (as in need) and Is

spoken by a woman. The process Illustrated shows both

direct reconstruction and reconstruction w ith the pi tch

reduced by a fac tor of 0.58 and the formant frequencies

reduced by a factor of 0.88.

~~~~~~~~~~~~~~~~~~~~~~

~~~~~~~~~~~~~~~~~~~~~~~~

~~~~~~~~~~~~~~~~~~~~~~~~
~~~~~~~~~~~~~~~~~~~~~~~~

Fi gure B.1.1 WAVEFORM OF INPUT SPEECH
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Figure B.1.~ WAVEFORM OF ERROR SIGNAL

Fig ure B.1..5 WAVEFORM OF FILTERED ERROR SIGNAL
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Figure B .1.7  WAVEFORM OF UNMODIF IED OUTPUT SPEECH
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Fi gure B.1.8 WAVEFORM OF MODIFIED OUTPU T SPEECH
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APPENDIX B.2 COMPUTER ANALYSIS AND MOD IFICATION OF
UNVOICED SPEECH

The 15 frame ( 381i msec. ) segment of speech ana l yzed in

this appendix Is the ~‘sa” sound (begining of salt ) and Is

spoken by a woman. The process illustrated shows both

direct reconstruction and reconstruction wi th the pi tch

,~~duced by a factor of 0.58 and the forrnant frec~uencIes

reduced by a factor of 0.88.

— - 
~~~~~~~~~~~~

•tq. ~~~~~~~~~

H

Fi gure B.2.l WAVEFORM OF I NPUT SPEECH
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F igure B.2.5 WAVEFORM OF FILTERED ERROR SIGNAL
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FI gure 8.2.8 WAVEFORM OF MODIFI ED OUTPUT SPEECH
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APPEND I X  C DESCR i PTION OF VOICE TAPE

The audio recordin g wh i ch is available from the author has

four sec t ions each of wh i ch con ta i n s  three se gmen ts of

speech. These three speech segments are of the follow i ng

sounds:

Segmen t 1 — Five long vowels.

“a e 1 a u 1’

Segment 2 — Fou r words which are comb i nations of• frica tives and vo i ced sounds.

“sat free hi p done”

Segment 3 — A sentence with a varity of sounds.

“Every sal t breeze comes from the sea.”

Each of these segments is repeated in each segment of the

tape. Each section of the tape shows the effects of a

different step in the processing.

Section 1 - Unprocessed speech , the record i ng used
for I npu t to the processing system .

Sec t Ion 2 — Speech w h i c h  has been conver ted to
di gita l form and then converted back to analog
form with no other processing .

Section 3 - Speech wh i ch has been encoded into a
set of LPC parameters and then decoded using the
same parameters (i.e. no modification ).

Section 1e - Speech wh i ch has been encoded into a
set of LPC parameters and those parameters altered
to reduce the pitch frequency by a factor of 0.56
and to reduce the fo rmar~t frequencies by a factor
of 0.88. The same LPC decoding process is then
used to reconstruct the speech segment.
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