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ABSTRACT o

r

The thesis describes new techniques for speech synthesis and ceding,

The linear predictor proposed by‘Ata1[13] 1s analyzed from'the point of

—

view of_practical realization and an adaptively adjusted parallel form

realization has been developed to overcome the distortion due to parameter

quantization and instability due to finite word length éfudata.

" The new
scheme is also shown to result in a significant improvement in the quality
of reconstructed speech.

A new coding scheme that incorporates a primary stage (this.is the
adaptive DPCM scheme developed by Atal and Schroeder) and " a secondary stage,

incorporating an optimally designed quantizer is shown to result in a
higher

quality speech

for bit rates that are comparable to those in
recently propoeed schemes.

The use of the FFT algorithm in conjunction with a spectral shaping
technique is shown to result\in a computationally efficient scheme’ for

synthesizinghspeech whose quality is superior to those synthesized by the
use, of linear predictors.

Also the high computational speeds attainable

with the use of the FFT algorithm is ,shown to result in a new coding scheme

|

s

that permits analytic determination of optimum quantizer levels.
. 5
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" CHAPTER I _ S

INTRODUCTION

1.1. Historical' Background

Speech production by machines or instruments has been the goal of
‘many reaearchere for the past tuo centuries. One of the earliest success—
ful attempts at mechanical production of speech using accoustical
resonators, was demonstrated by Krantzenstein in 1774, These resonatore
could only produce the five vowels, a, e, 1, Oy and u. Soon aftet
Krantzenateinh;sncceee, Von Kempelen demonstrated a speaking machine

which was not taken serlously. Sir Charles Wheatstone (a maker of

musical instruments) buile a replica of Von Kempeleng;aoeaking machine,
which was capable of generating congected speech.. Qther peoples interegts
were aroused, one of these being Alexander Graham Bell.

The first electrical speech synthesizer, called the Voder[l], wee ¥
demonstrated in 1939 at the New’ York world fair. The synthesizer, 7
developed by Dudley et al, at the Bell Telephone Leaoratories, wes capeble
of producing connected speech. It -was played in much the same wvay as a
piano, and-the'operators required extensive training to become Qroficient..
Soon after the introduction of the Voder, 4 new invention uaa demonstrated
by H. Dudley of thL Bell Telephone Lnboratories It was called the
Vocoder (2], deriving its name from Voice Coder.

The Vocoder consisted ¢:>fi esaentially three eeparate units, the

. analyzer, the transmiasion path and the synthesizer The speech signal
' was applied to a bank of 10 hand—paas filters, each 300 Hz wide and
’ covering the 3 kHz speech spectrum in adjecent bands., The output of

each filter 18 rectified and smoothed before being eampled and sent



along the transmission‘line. At the receiving end, there are ten
| identical band—pass filters which are excited either by random noise or
by quasi periodic pulses. The output of each band~pass filter is then‘
modulated by the spectrum defining signal. The signals are then summed
land applied to an equalizer to produce Speech. Its.main use was segn to
be in speech transmission where a bandwidth compressionqwas possible.
Many variations of the original Vocoder have been butle,

In 1946, Koenlg ., Dun and Lacey[3], demonstrated a machine that wss'
capable of converting audio signals into visual Patterns that describe
‘the characteriszics of a particular message. This machine was called |

the spectrograph and it was seen a8 a means of teaching the deaf to
comnunicate witn other people by observing the different patterns -

(spectrograms) produced by the spectrograph The training process was

long, especially since the analyzing time of the spectrograph was of the

order of 100 times real time. The resulting plot from a spectrograph is
.one of time-intensity—frequency. These plots can now be generated on a
digital computer[4], especially with the discovery of the Fast Fourier

Transform algorithm(s].

1.2.i Mechanism of Speech Production

Speech begins as an idea expressible in soae language. The idea
ap
starts 2 gfAquence of neursl and muscular operstions which will eventually

result in an audible message being generated, by habit or previous
. éj
experience (6] . The major parts involvsd in the generation of speech are

shown in Figure |. S

Speech is produced by the actions of the nose, mauth, throat,letc.'

Y

-
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upon the breath etream.as it passes from therglottal orifice to the air
surrounding the lips. For most; speech sounde: air is exhaled from the
lungs, except for a class of sounds known as clicks, which are produced
dundng inhalation. The windpipe connecte the lungs at the one end and
the throat cavity at the other end. At the top of the windpipe is the
larynx, which houses the vocal cords . —The uocal cords are qnaped like
two lips and lie at either si%p of the larynx These cords play an
important role in speech production of voiced sounds. ‘For voiced sounds,
the vocal cords are brought together and then set into vibration by forc-
ing air between them. The mass, compliance and the flow of air through
tne glottal orifice, determine the frequency of vibration of the cords.
In nbrmal‘speechﬁxthe‘vncal cord vibration rate, or the pitch
frequency covers tﬁe range from about 80 to 350 Hz[7]. For voiced opeech
the vocal cords are made to vibrate at a particular frequency, thus
allowing bursts of air to enter the throat cavity. The air thenrentera
the vocal tract, whose shape determines the type of'sound to be produced.
The shape of the vocal tract is determined by the position of the lips,
Jaw. tongue and the velum. In connected speech all of these are moving
. continuously to produce the desired 'sounds. The velum, when in the qpen
position. allows air to enter the nasal cavity Sounds produced by the
‘nasal cavity are characterized ag nasals ‘and for these sounds, the teeth 4
;‘ ¢ and lips are brought close together to effectively block off the passage
of air through them. |

Sounds are basically generated in three different ways. Voiced sounds

are produced by forcing air to flow through the vocal cord orifice,



» o

.causing the cords to vibrate. The opening and closing of the glottis
produces quasi periodic pulses of air which excite the vocal tract.

Nasal sounds are normally excited by the vocal cords and hence are

voiced sounds. Typical examples of voiced so;dﬂg are the vowels and vowel
| like sounds, | |

Fricative sounds are produced by forming a constriction -at some point

- in the vocal tract anywhere from the glottis to the lips Alr is forced-

Y KR

through these constrictions, causing raudom eddies to be produced which
are heard ap hissing noigse.” The point of noige excitation can, there-
fore be situated anywhere along the vocal tract. These sounds ;re
;normally of a very low inl:ensity, having a wide frequency spectrum,
Typical examples of fricative sounds are g, f and sh. ‘

The third type, the plosive sounds, are created by making a complete
ciosure of the vocal tract, building Up a pressure behind tke closure
"and abruptly realizing it. The_abrﬁpt release of pressure providee‘an
impulsive excitatien of the vocal traeil Exaﬁples-of the plosive
sounds are, p, { and k. . . : ., f— . %

1.2.11 Ear and the Hearing Hechanism

\
t. The auditory system, shown in Pigure 2, can be divided into three

regionp, the outer ear, the middle ear and the inner ear. The external
and middle ears together amplify the pressure variation .of auditory
;ounda and rransfer them to fluids uithin the inner ear. The pressure
variations are sorted out by the frequenqy-analyzer action of the cochlea,

aMemdﬁiMOmhuofdmuwwmkuauhnythcWMur

nerve fibres. Thege pulses are transmitted through the neural system

o,
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which extende to the brain. .

Any pressure variation acting upon the eardrum, must be of a
aufficiently high amplitude to overcome the auditory system background
noise. The background notse 1s made up from the circulation of the
blood, breathing, muscle tremors and movements of the head. However,
the ear is constructed to respond far less efficiently to such vibration

than it is to air—borne gsounds, _ a8

-

The outer ear consists of the pinna which serves two purposes:

' i} that of protecting the external canal -and -~

-

i#. to direct the'surrounding sounds into ‘the external canal.
The middle ear consists of the\eardrum and the ossicular bones.

The hammer is fixed to the eardrum and makes contact uith the anvil.

o
The anvil connecte to the stirrup, and the foot plate of the stirrup

seata in a port, the oval window.

*

The operation of the ear 1s as follows. A sound wave entering

¢

the external canal sets the eardrum into vibration. This vibration

is ‘transmitted, _with a-glight amplification, via the ossicular bones to

- the ijner ear. When the stapes are set into vibration, they produce a

displacement in the cochlear fluid. The motion of the fluid has the

_effect of polarizing the hair cells found inside the cochlea., These

‘hair cells produce, electrical impulses which travel through the neural

system .to the brain. The eardrum, itself is not a stretched diaphragm

but reaembles Aushallou rigid cone with a fold ire the lower parf allow-

ing the eardrum ‘to oscillate ,a8 a whole unit.

1.3 Current State of the Art in Synthesis and Coding

The techniques uaed in the analysis and synthesis of speech can be
~ : : .

R ]

s
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broadly classifiegi-into two groups.‘ The first group makes use of the
frequency domain'infornation and essentially tries to reproduce the vocal

tract resonances. The gecond grpup uses time domain methods and can be

-thought of as some form of curve fitting. In the past, the frequency

domain techniques have attracted much more attention, because certain
features are more easily recognized uaing frequency domain information.
It is normally easier to reproduce the frequency spectrum envelope,
than it is to reproduce the actual time domain signal.

1.3.1 Formant Analysis-SyntheSis aof Speech[al - o ' )

The analysia and synthesis of speech by the formant method has been

.

used by Bell Telephone Laboratories for some time. Essentially, the

speech signal is analyzed and stored in terms of the vocal tract reson—

ances. These resonances, called, formants, are changing continuously
/ . .

as the shape of the vocal tract changes. The rate. of change of theae

formants {is much smaller as compared to the rate of change of the actual

speech signal. Typically, if the range of hunan voice ds limited to

lie between' 0 and 3 kHz, for voiced sounds, there_will be approximately

3 formants.

The pitch period is estimated uaing the cepstrum and the formant

. -
I3 -

frequencies are obtained from the location of peaks in the spectrum
- ‘ -

envelope.' For voiced aounda, three time varying formanta are used,

whereas for the unvoiced aounds a pair of complex poles and zeros -are

. 4 -

sufficient to describe the vocal tract characteristics. A typical
- “’U\.-

formant method of speech aynthesis is shown in Figure 3. The formant~

technique can present difficulties in cases where two formants are

. . . . *
o . - ’
h ) . .
) : . ) ' [P
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close together; usually the second and third. One waj‘of overcoming
this problem is to use the chirp z-transform(o9, 10], which evaluates the

vocal tract . transfer function in ‘a manner that sharge\g the resonances.

<Mith efficient coding of . the pitch and formant data, it is poasihle.

for speech to be 'represanted by approximately 600 bits/eec. Another

feature of this technique is, that, {t isg possible to connect different.

Segments of the formant data to form ,4 new message. However, it ia.not
o

a straight forward matiter to connect discrete formanta together, since

in connected speech-the word or phoneme boundaries are not abrupt, but
b
more of a transient nature. Furthermore there 15 an interaction

between adjacent phonemes, which must be Preserved inm high quaiity '

speech synthesis.

1.3.41 The Homomorphic Vocdder[ll]

a

/
combined by’ convolution and multiplication. In the case of speech

Homomorphic filtering is a technique used in aeparating\signela

signals, 1t is used to separate out the excitation and vocal tract
components. The speech aignal is eaaentially the x¥esult of the glottal

pulae excitation convolved with the transfer function of the vocal

]

» tract, A “homomorphic system for estimating the speech eignal is

shown in Figure 4. _
{

The dpeech silgnal at A ia easentially a discrete convolution of the”

.excitation pulge and the vocal tract impulse response. At point B, we -

have the product of the two DFT'B. .By taking the logarithm of the

.
1

transforms of the excitation and-the vocal tract impulse response. the

two have now become additive._ The inverse DFT is a linear operation
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FIGURE 5 - Homomorphic Speec
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and hence the result at D is the additive cepstra of the. excitation and’

the vocal tract components. The important feature of the cepstrum is

"

that ic consists of two additive components in which the vocal tract

v . . :
and the excitation components do not normally overlap. At D it is

possible to. extract both the pitch period for voiced sounds and also

fl

‘the vocal tract parameters. The synthesis part is achieved by con-

]
’

volving the vocal tract impulge response with the excitation function.'
The impulse response funcrion is obtained by camputing the DFT of the
cepstrum sequence followed by an expouential transformation and the i

inverse DFT. This is shown in Figure 5.

1.3.i4i Maximum Likelihood Vocoder([12}.

~In this method, an all pole‘model of tce.pcwer spectrum cf tﬁe
speech signal is assumed. Zeros are omitted in the model, because their
effect can be represented to any desired accuracy by a auitable number
of poles[12]. . The sycthesis cethod for the maximum likelthood vocoder

1s shown in Figure 6.  The synthesizer transfer function in the z-trans-

form notation is . o : {;

| 1
@ = T3 EG

: : 1
: = ~ — To(l.1)
1 + a5z } + azz Z + ... F apzup

-

where . z._1 = e—ST ' - ‘ . .

T is the sampling interval

2, are the digital filter coefficlents.

- . . S

The maximum likelihood estimate of the a 's is obtained by minimiz-

ing the function of the logarithmic difference between the power
: ‘ | /
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spectru?fof the filter ‘T(w), an& the short—;iﬁe power spectrum of the

signal samples,

‘_ i
" jnmfl o o (1.2)

2 N

where S is the lpeech sample sequence

S(m) 1s the, short-time power apectrum of the speech signal
‘T 1s the sampling interval.

The minimization will result in a fit which is more sensitive to

fspectral peaks than 1t is to the valleys in between the formants. The

<

Mmaxinmum likelihood of the filter coefficieuts 18 obtained from.the

short-time correlat&on function,
/!

’ ¢i = N X sj Sj-}—i‘ .‘,'1.}‘;:2’ 1, sexey P (1.3_)

-

A
. 4
-~

by solving.tﬁg set of linear eQuationQ/

p . .- ’ _"'
izl ¢Ii_j| 81 - - @j j " 1,. 2, cevey P —' (1.4)

The amplitude scale factor for matching the synthesizgd speech signal

is given by ‘ # T i a ' : \]
P S ' . T .
) A @ ' L (1.5) 1.
i=. _p o ' r : .. . . .
M E .
where. A = }. - o L
R HEY |
- and \__ ak -0 k > ﬁ L

-,

The complex roots 1 + H(z) glive the real and imaginary par;s of the

formant frequencies.‘: ‘ S é; .

T



meters whose transfer function is givan by

."-7,"'—1 ’ ) . L . l ' 15.
. ?T* -

1.3, iv Linear - Predictorfllql

hd

Speech anelzsis and synthesis by lineercprediction, utilizes an '
all pole digital filter to represent the characteristics of the speech
signal. The Speech signal is analyzed by eatimating the present speech
sample ag a Iinear combination of the previous P smgjies. The predicted

speech aample is given by

X ak Sn-k - - (1.6)

~ where Sn is the predicted speech sample

are thé predictor coefficientsu
U @
, .

"The predictor coefficients a,, are obtained by minimizing the mean

-'squared error between the actual and the predicted value of the speech

signal These coefficients are the time varying,digital filter para-

H(z) = 1

(L7
§ e
k_lak o |

. .

The excitation parameters are obtained from the actual speech waveform.

t

: The formant frequenciea can be obtained by factoring the denominator _

-N,._..

of H(z) AIBo, the speech aignal spectrum can be determined by evaluat—

T 'ins ﬂ(z) on the unit circle ‘In the z-plane. The speech synthesis by

..... ——— o <
1linear prediction acheme is ahown in Figure 7. -

"\,

‘The excitetion is either a quesi periodic pulse.trein or white

noise, depending npon whether the apeech 18 voiced or unvoiced. The

gain A is made proportional to the energy level of the signal in a

.ﬁiven,analyais,interﬁal.

L

Tha term "linear pred‘wtor" wplws a digorete. fz.lter, whose impulse regponse
18 a least-squares approxtmatiou to the vocaZ tract responge. -

e o, PN E
L P J [
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“') Yo Sn = z ak Sn"k

FIGURE 7 -~ Linear Pfedictor Speech Synthesis

»

- . - L

I.ET;.‘higital Inverse Filtering[l4}.

This method was proposed as an efficient'means of formant
extraction from a speech signal using the discrete linear feast-

aquares inverse filter. For gpeech signal repreaentation, the most

v

.efficient bagia set is one which most closely matches the desired \

characteristica of the signal to be approximated. 1In speech analygis-.

1

' synthesis, we are interegted in finding the best representation to the
resonances or formants of the VOcal tracc, impulse response. ,The
.1nVerae filter formulation is as follows.

Given a digital inverse filter “_f“i s
- ¥ | _
A(z) = 1 + Xaizf-
v i=]1
[4 - .y
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’

. G
where M ig specified, find the coefficients a, i=1,2, ..., M, such

that the energy measured at the filter output {y }.1s minimized. If

{x } is the input sequence of speech data, then the filter output in

the transform domain ig given by

Y(z) = X(z) A(2) - (1 9)

If A(z) could be designed so that it is precisely the 1nverse of
x(z) i.e. A(z) -

L s then Y(z) = 1. Thus it is seen that the 1nverse
x(z)

filter attempts to transform the input signal into white noige. When

the output of the filter 1is as close to a constant, in the transform

domain, as possible, the frequency response of the filter will be the

exact inverse of the input signal. The inverse filter coefficients are

obtained in the following-;:}r

Let the approximation of Sn be given by

-

e - " . .
8 =V a g i=1,2, ..., p - ©(1.10)
The error in the estimate is e » witere ' )
"w - M ; .
- - - - S 7 (1°11)
“n Su‘ Sn Sn izl 81 n-1 .

The portion of the signal to be analyzed is multiplied by a finite

windou of length N. (the window can be other ;than rectangular). In

this case we have

.some aample_aequence 0<nzx N-1

o 1'; ‘n < 0 and n.z N

To obtain the filter coefficients we form = -

N-z-l ” N)—:l ( ,\‘ ]2
E= ) e? = S8 -5
. 0= n n_ﬂ n -
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. N- }lfm 1§ 2 : {1.13)
=5 2 4 s - S :
' n=1 e | 1 ‘n-i

~—

Differntiating E with respect to aj and setting the result to zero,

we get o . .
N-14M ’
%5—-= 0=-2 7§ s, - Z i n-i Sn—j (1.14)
b n=1 1=1
This equation reduces to
¥ a g - R 1<3s - (1.15)
Lt Mg TRy yspo o
N—l-la|j| .
wher R, = S S
e Ry L 3|
n-

L]

1.3. viJ'Pre&ictiVe Codieg ot Speeeh'Signals {13}

A means of reducing the redundancy inlspeech sigeals is by the use-
of predictive coding. 'In predictive coding, the transmitted signal |
is made up of the. error bet;eee-the actual message and_ita predicted

"value. Siece the variance of the efro:neigueég%s;mucﬁ,pmeiler as
compared to the variance of the steech signel,'lees.bite;are required
for ttensﬁission purposes. |

One of the earliest attempts at predictive coding was by Elias[lS].
who used an open loop coding scheme ag shown 1n Figure 8. The predictor
used was of the non-adaptive nature, and its pergpetera were ottained
from a knowledge of the statistics of the set of messagee to Be trans-
mitted. This type of coding scheme i8 not used in prectiee because if
any noige is inttoduced in the ayetem, 1t will be perpetuated as error

in all future values of the message. Eventually the egror will accumu-

S
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= PREPICTOR

.

FIGURE 8 - Open Loop Predictive Coding .-

latq to such an extent. that the ,meésage will be cow;:pletely ‘1ost.

A "coding technique Hhich was proposed by HcDonald[lG] that over- -
comes the error build up, is the differential pulse code modulation
scheme, see Figure 9. : \

An error signal is formed by\é btracting the estimate from the

actual speech sample. The error si is then quantized and coded

before being transmittfggzﬁige predictor, used by ﬁcﬁonald{l&] was also
: o * N .

of the-npﬁ-adaptive type.

- - . o I
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QUANTIZER —
§' ' | PREDICTOR
n i ]
FIGURE 9 ~ Differential Pulse Code Modulation (DPCM)
7
- a

-

More reeeet‘ly, Atal and Schroederi].'l] »¥proposed an adaptive
L\-—ﬁ‘:\‘predic:t:we coding scheme, vhich had the advantages of the‘BPCH in
. .which the pred;ctq: model was updated periodically. The signal redund-
ancy was reduced 1in two. stagese first, by a predictor that removes the:
quasi periodic nature-of tye signal and second by a predictor that
removes formant information from the spectral envelope. The first
predictor is aimply a gaiu and a delay adjuetment, and the second 1s a
linear combination of the past p values of the speech aignal The

predictor\coding schenme 1ig ahown 1n Figure 10. The- overall tranafet -

-~ -’
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n
P,(2)
& P
FIGURE 10 - 2-Stage Adaptive Coding1
Pl(z) = a z-k
Ve
P (z) = a, z,
2 j=1 h|
where a 1s a constant
N is the number of predictor parameters

j are the predictor parameters.

g

21.
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function of the adaptive predictor is given by

P(z) = [P1(2) + Pa2(2)1[1 - Pl(z)] ‘ ] | (1.16)

The predictor given by equation (16) was used in the differential

Pulse code modulation scheme,usinga ] bit quantizer for the error signal.
¥

'This scheme is shown in ‘Figure 1I'. The quantizer step size Q, is chosen

according to the following criterion,

; L ey . Caan
toa=1 . . |

ﬁhere e is the error in the eltimate at . the nth sampling instant and N

is the numher of samples over which Q is constant.

~ ' LINEAR
PREDICTOR

. . . ’ Va
FIGURE 11 - Adaptive Predictive Coding .

w '



The results quoted for this coding scheme show that a bit rate of
9600 bits/sec. is possible for speech sampled at 6.667 kHz rate.
The criteria for obtaining.the optimum quantizer step size as

shown in equation (1.17) will not work for the coding. scheme of Figure

‘11, The error aignal e, io a function of the quantizer level because

-of _the feedback loop around the quaptizer. The determination of the

optimum quantizer step size is not possible, a sub~ optimal solution may
be obtainee. %}nce the error is a function of the quantizer leve}l,
this will resuls in a multi-modal optimizat}on problem. Even with the
use of optimizing algorithms, such as Rosenbrok's steepest descent[lB],
or Fletcher and Powell's conjugate gradient method{19), there is. no

guarantee that a- global optimum will be found.. Often these techniques

will get trapped in 3 local minima that may or may not give acckptable

B
results. Both of‘the above mentioned optimizing algorithms were tried,

11n‘eacH case,” the resulting uninima was approached very slowly. The

slow convergence combined with the uncertainty of the solution render.
the scheme of Atal andSchroederumfeasible.

1.4. Problem Statement

‘The aims of this project were, '

I. . To critically analyze the éxisting apeech analynia-syutnesis '
nethods and recommend suitable techniques to improve the quality
ot synthetic speech.- In particuiar the investigation was to cover
1) the ‘performance of the linear predictor and the different

realization schemes.

11) Determine a guitable excitagion function. .,;"im~éu-

.1‘
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1ii) To examine the effects of adding zeros to the model

of the linear predictor.

-

To develop a suitable criteria for the .choice of quantizer- .

[p%]
s

levels in adaptive predictive coding oethod, and to develop
new coding schemes for efficient voice transmigsion.

3. To examine the application of Fast Foutier Transform for

‘on-line synthesis and coding of speech.

In particular, the speed of operation was to -be critically analyzed. ¥

1.5. Thesis Organization

-

The introduction covers a brief review of some past and present

' .techniques in- speech synthesis and coding, eapecially thoge which uge

the linear predictor. *ﬁh
In ‘ r II, a number.of time domain techniques are analyzed ]
and their implementation is discussed in detail. In particular, the
"different ways of implementing the linear predictor and "the problems
associated with each scheme is indicated. o
Chapter ITI deseribes the various coding schemes that have been
proposed Tecently, one of these is the differential pulse code modula- g)
tion. The implementation of this scheme iz shown to be impractical due ('4
to the problem of obtaining acceptable results under all conditions.
Chapter IV describes a frequency domain technique for speech syn— '
thesis and coding, which is computationally very efficii?t, with a band—
width compression of about 5:1 over equivalent PCM. When used in a

1 bit coding scheme, the bit rate requirement for speech transmiasion

is about 14 200 bits/sec.



25.

Chapter -V describes the implementa’tion of speech syntfles:l.é and ;.
toding schemes using‘ the linear predictor on the bigital Equipment
. Corporat:idn PDP-B?I computer:
Cha‘plot:er Vi conta:_lns the conclusions of the speech synl:hesis.and |

coding schemes that were implemented on the IEM-360/65 and the
" PDP-8/1 computers. o 8

\

N
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CHAPTER II

- TIME DOMAIN SPEECH SYNTHESIS

2.1 Linear Predictor . -

The linear predictor 1s assumed to be represented hy an all pole

digital filter, whose transfer function {s given by

H(z) 5 ——L ' @
=t
1 \
where a k=1,2, ,,.; P are the predictor parameters and ao'has been %
normalized to unity. ' ‘ L

The above model hag been used for speech production in conjunct%on
w;th an excitation source, which is either a pulse generator with adjust-
able amplitude and period or a'white noise generq;or depending . upon
whether the Speech sound 18 voiced or uuvoiced The speech-sample at

the nth sampling 1n3tant 1s estimated ag

I St ¥ : | . (2.2).
where ak are the predictor pareﬁetera
y is the excitation fenction.'
"The predictor parameters are obtained by minimizing the mean

'squared error betweeu .the actual Speech sample S and ics eetimate S as,

-n . k-l\ ak n k s . . /
The sum of the error squared in a given analygis interval is given
by ) . .

E-Xez'Z[. kglaksn—k]z ' _ | ©(2.4)

26 o
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The optimum predictor parametera 4> are obtained by differentiating

B, with respect tp a and setting the result to zero. one then obtaing,
! h|

—— - i S= - 2'
3a | 22( kzlak n-k| “g-j OL_ (2.5)

: rearranging

E kgl ak n-j n-k = E Sh Sn-j = 1 2, ..., p . (2.6)

or in patrix rotation

ba = ¢

' where - Z Sn-j

| 2.7)
wj -IZIS sn_j< : v

The solutiou of the system of linear equations (2.7) yields the
optimum ({B the mean squared error sense) parameters a > k=1 2,..., p.
Typically the number of parameters p is chosen to be 12 for speech
filtered by a low pass filter with a 5 KHz cut-off, and sampled at
10 kHz rate.

‘The abova method, while basically simple and elegant has however,

the following limiCations.

v

1. The mean Squared error criterion may result in the: poles

of the predictor going cutgide the unit clrcle; causing

L

'instabilﬁty problems , -

Ca

2, The finitepreciaion of the speech samples can also cause

+

" the’ mbdel ‘to be unstable.u

it

3. 'The assumption that the voiced excitation 18 of an impulse

.nature is questioneble.. ’

u



‘»’

4. The iterstive methdd'of Bpeech reconstruction in a
finite-precision machine. is ‘subject. to quantization and”
truncation errors that can sexiously degrade the overall
quality of the reconstructed speech.

2.1.4. Evaludtion of Prediétor Parameters”

" The predictor parsmeters are evaluateﬁ by solving the system Lf
"equations (2.7). The ¢ matrix is‘a p x p symmetric matrix since
?jk j ¢éj‘ Thus in: setting up the elements of this matrix it is
sufficient to form the upper triangle and the leading diagonal, the
':"l

lower triangle follows directlyu The.numper'of‘multiplicstions

require&'to set up the @ natrix is Np{2-+ 1] where N is the numher qf

< samples over which the model is being evaluated. TYpically N = 80 and

. it
p = 12, which requires- 6720 multiplications, )
“t

‘The number .of multiplicstions can be reduced if one msﬁes the
assumption that the speech signal is stationary in the given analysis

interval. In such*a cage o

| °¢jkr- ¢‘J-k| ’0 , : ) » | S | , . (2.8)

A e < gk o 2 L (2.9):.

”By making tnefabove assumption, the number of multiplications required
to set up “the ¢ matrix n;w becomes Np, which is only 960 for the same
example as before. By making uge of equation (2. 8) only the elements
of the first row need be evsluated the rest follow directly from .

-

equation (2. 9)
One need not mske the aseumption that the- ‘8peech sample is
Astationsry to reduce the number of multiplications Let

[y

n r

28,
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—e .‘ . -
.i - .
e .
) ; |
$,, = 5 45 . ~I : (2.10)
_jk. pel, B ] "n k . )

where N-L is the number of samples,in the analysis interval

*ﬁ . __'-“ and .j,k-.l, 2, iiiay P |

Now let L = p + 1 : . S ' S (2.11)

and.;sn-o n<0, N>0 _ - v
. N " ' |

Now ik T n§i Sn-3-1 Spp1 (2.12)

- N-1

,/ o -.nZL-lsn“j *n-k o o ' ' ¥

Equation (2.12) can belrearranged in . the foilqwing way

‘:’.J+1.k+1 - ¢jk + SL—j Sik ~ St1- sN-l-l-k (2.13)
. 3

.

Equation (2.13) shows that to get up the ¢ matrix we need to form the
@

fira; row using Np muitiplitatioﬁs and the o;her elements -of the upper
trihnglé and the %q?ding‘diagonal only requiré two multiplications
v éacha" Thﬁs the,tq;al'numb;r‘;f multipliéa;ions required in this case
. 'is.HP+ %‘(p—l): Using the game Example as Béfore we would require
B 1026 muiéiplicaﬁions. “The num?;; of multiplicatioés requiréd to sét

up the system of equations (2.7). for eaéh‘pf the three methods 1s given »

"bAéi\W. A - ) . ) . '
DIRECT Np-[;'_’-+ 1} * +Np ":‘Np'.[g'l' 2] ‘
LCYCLIC  Np + Np = 2Np - 1

- smsz N + & (p-1) + 1p = 2@‘*_12’. (p-1)

7 ' The possible savings in.setting up the system of equations (2.7) )
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for the case N ;_80~sémples-andiP = B8 to 16 is shown in Table 1.

.

TABLE 1 - K ?,

P=8 | p=10 | p=12 | p=14 | p=16

-

DIRECT 3840 | 5600 | 7680 | 10080 | 12800

CYCLIC 1280 | 1600 | 1920 | 2240 - | 2560 %

L33
SYMMETRY 1308 1645. 1986 2331 b268q h

-«

Number of Multiplicationa Required Jto Form #a = y, for

N = 80 samples, using the three different methods.

The solution of the system of equatioa (2 1). was carried ouc using
Gaussian elimination with maximum pivot’ Strategy. Once the system of

_equations is formed, the actual solution for a 12th order system, takes

4 to 5 msec. on the IBM 360/65 computer. Thg 8square root nethod[?OI'of
soljzgrflinear systems of equations was also implemented, giving compu-
tational times of about 5 msec. : |

Howgver, ;he square root méthod gﬁve more accurate results over

those obtained by Gﬁussiau elimination. & typical set of results obtained

bylﬁhe two methods is ghown in Table 2. The arror in the aolution was

defined as da—y = e ‘ ¢ | g




5 TABLE 2
SQUARE | ERROR IN || GAUSSIAN.| ERROR IN
- ROOT | SQUARE ROOT|| ELIMINATION| GAUSSIAN
METHOD a,, [ SOLUTION METHOD &, | -SOLUTION
, 1.493688 | - 0.000003 1.493676 | - 0.000008
? = 0.363467 | - 0.000004 {| - 0.363458 | - 0.000007
- 0.037537 |- -~ 0.000003 Il - 0.037541 -‘0;600008 .
. 0.028311 | - o.oOoooz‘ 0.028322 | - 0.000006 .
0.078749 | - o.00000f || _ 9&§1313i;_ - 0.000005
= 0-165538 | - 0.000001 {{ - 0.165553 | - 0.000005
10.016301 | - 0.000001 0.016334 | - 0.000005
0.0180350] - 0.000000 - 0.180345 | - 0.000004
0.017452 | - o.oooqpo' 0.017426 | - 0.000003
. '~ 0.174168 | - 0.000000 [} - 0.174116 | - 0.000002
- 0.077913 | -~ 0.000000 || - 0.077980 | - 0.000002
0.139857 | - 0.000000" || - 0.139889 | - - 0.000001
o

Predictor Parameters Obtained By Using Two Different Techniques

For Solving ¢a = y. The Error In The Solution & & ¢g - .

The error in the evaluation of the Predictor psrameters was

~

relatively small, but itg éffect on the pole laocations moéeﬁenté was -

% “ . _—
/ checked, to ensure that the ghifc, if any,»whs'miq;mgl. "The roots.of

the polynomial



1

Table 3. .

were found using the.Newton-Raphson

-
"h.,

TABLE 3

SQUARE ROOT METHOD

GAUSSIAN ELIMATION

POLES METHOD POLES
' R, I In; Ré ‘ I
0.951236 0.153709 0.951241 0.153719
0.951236 | - 0.153709 0.951241 | - 0.153719
; 0.759653 0.0 - 0.759713 | | 0.0
- 0.377018 - 0.708345 - || .- 0.376988 | - 0.708356
- 0.377018 . |  0.708345" || - 0.376988 0.708356
0.906886° | 0.0 " 0.906880 0.0
0.610830 | - 0.560510 || 0.610841 0.560515
0.610830 0.560510 10.610841 - 0.560515
- 0.655227 0.399102 - 0.655248 | - 0.399155
- 0.655227° | - 07359102 - 0.655248 |  0.399155
0.143407 0.904894 || 0.143409 -,0.904899
0.143407 | - 0.904894 0.143409 | 0.904899

Pole Locations Of The Linear: Ptedictor Dbtaiued By The ‘

Two Different Methods.

The results ahoun 1n Table 3° indicate tha& tbe poles are not

S

highly sensitive to smaéll errors‘in the predictor parameters.

.
a

algorithm, and are shown in-

" 32,

Based on this, both methoda, the Gaussian eliddnation and the .

square root method can. be used for solving the predictor parameters.
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The frequency response of the linear predictor ¥as evaluated for the

two soiutions, and is shown in Figure 12. Examination of Figure 12,

. \

will reveal that the freqqency response for'the two sclutions are
identical, and hence there is very little to choose between two
:echniques of solving linear systems of equatiuns

Y

2.2. Pitch Period Extraction

-

A number_of techniques [21-25], have been proposed for the deter-
mination of.the pitch period of a segﬁent'of speech wévefoém. Most
speech synthesis schemes maké-use of the bitcﬁ period, and a great -
deal of work has Beeg done in cbtaining more accurate estzmétes of the
pitch petiod. Some of the more common techniques of pitch determigation
will be discussed together with their advantages ana diaadvantages,

' in the following sections.

2.2.1. Zero Crossing Rate

This was one'of fhe ear atEﬁm?ts at pifch period determination.
The s}eech signal was passed . gh a low pass filter and the rate 6r
Fhe distance between éefo crossings was measured. This scheme will éo;k
satisfactorily in somevcases, but in cases where the fundamental
component of the Speech signal is weak, the proceas w111JGreak down [26].
Also, in some cases it 1s the formant structure in the speech signal

4

- that causes the speech wavefprm to cross zero. Hhen this happens it is

i

easy to estimate the pitch period to be twice its true value, or some,

A computationally efficient technique 2§¥biICh period extraction -

integer uultiple. \

2.1.41.The Cepstrum
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is by the use-of'the éépstrum {22). This technique was made possible

by the disCOVery of the Fast‘Fourier Transfotm algorithm of Cooley-

-Tukey {5]. The basic operations involved in obtaining the cepstrum are

shown in Figure 13,

¢ The cepstrum producea two peaks in the transformed signal. The

firse peak 1s at the origin and the second peak is usually at about

8 msec. from the origin for voiced speech. It ig the second peak that '

is of most importance and is an indication of the pitch period of
vqiced‘soundp. The lack of 1it, indicates that the speech sound is
unvoiced. l

The cepstrum method can beat be explained by considering the follow-
ing aimplified model of speech production For voiced sounds, the vocal
tract 1g effectively excited by a quagi-periodic pulse train. The =
resultant speech signal can be thought of as a convolution of the pulse

o

train with the impulse response of the vocal tract, see Figure 14,

The output of this system 1is given by . y ¢
. . _ .
S(8) = [* h(r) x (¢ - 1) dr (2.8)
. - ” - .

whg:e " h(1) 18 the impulse response of the vocal tract
x(t). is th;'exgitation function. . ‘ <
“The cdgzolutioﬁ 1ﬁ£egral of equation (2.8) is gquiva}ent;co
multiplication in the frequency domain, .
. S(@) = HGw) - X@) - P @)
The problem now is to separate out the effects of the excitation

function .in the overall speech aigual spectrum, By taking the logarithm

“
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FIGURE 13 -

Operations Involved In Obtaining The Cepstrum
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- X - 5(t)

where h(T) 1is the vocai tract iImpulse respbnse

x(t) is the glottal excitation

8(t) 1is the resultant speech signal : -

1™

©

FIGURE 14 - Simplified Mpodel Of The Vocal Tract Impulse ‘Response

- -

’

/ \

of both sides of equation (2.9), we obrain,
| logls(w)] = log[E(w)] + 1og[X(w)] | (2.10)
Tee effects of rhe vocal cords and’that, of the vocal tract are

now additive, but still not separated. By examining the log-spectrum
plot of Figure 13 the fundamental frequeucy (pitch frequency) is
represented by many relatively closely spaced peaks. The formants,

on the other hand, are distinguished by the slowly varying broad peaks.-
By performing an inverse FFT on the 1og-spectrum, the reeuItiug
cepstrum has a peak at the higher quefrequency (time), which correspoeds

to the fundamental period. The formant structure is limited to low
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b

.quefrequenciés because of their much slower rate of change in actual’
speech. = o ' ‘ | |

In the implementation of the cepstrum, the original speech aignal
was multiplied by a Hamming data window. Other type of1£indows _can be
used, their Operation and the relative merits are discusaedﬁin detail
;elsewhere[27] The sample sequence which‘corresponds to the cepstrum,
shows that the cepstral peaks decrease with increaéinghquefrgquehcy _
(time). To compensate for the decrease, a wéighting function[ZZ], was
applied over the f&nge 0-12 msec. -The cepstrum is multiplied by the'r
linear weighting of 1 at O msec. and 5 at 12 méec. Any increasge in-the
weighting, may result in picking a wrong peak at around 12 mgec. due to
the weighting. A" typical ;1ot of the cepstrum is shown in Figure 15.

As shown in Figure 15,the peak corresponding to the pitch period is
not very pronounced. 1t is for this rghson that th; cepstfum was not
used for pitch extraction, and computationhlly, the normali¥*ed correla-

tion was found to be asg efficient. - -

2.2.1ii. Normalized Correlation

The pitch period of a- segment of speech data is obtained from the
normalized short time autocorrelation function as follows [21],
Let S represent a speech sample which is_periodic with peripd k.
Then, | ' . |
Spric = 95, o '. S | (2.11)
where « and k afe_paraméters that have to be Feéermined by minimiiing

' the mean squared error critérion,yhich is given by = .

n

E =] [sn&-'usn]z . em



*

oﬁ.the normalized correlation is shown in Figure 15.

. q v
-

- " 1

Differentiating equation . 12) with respect to- « and equating

to zero, ve obtain L
f

-2 l); [z —0sJs =0 , C.13)
‘ i

rearranging Z o

- S s

_ o . Do T / L (2.14)
- opt E g 2 i

o k=k
opt

The optimum value of k is found by detefminingnthe value of k that

- maximizes the normalized correlation coefficient p(k)-uhere,

Is. s .
“p(k) = 2 : nﬂz S - (2.15)
(Esn_ E Sn+k] e o .

The maximization of p(k) is performed by a linear search of the

computed values of p(k) for k =1, 2, si.., N/2. The length of the

sample aequence N is usually about. 2 to 3 pitch periods A-typical plot

‘ C
OE the three techniques described the cepstrum and the normalized

correlation were both implemented Houever, the results indicate that.
the normalized’ correlation 3ave alightly better results. Also the peak
picking is made easier in the case of the normalized correlation due to
the very pronounced peak. It was“found that more reliable results
could be obtained with the normalized correlation, if’the speech
sequence was pasaed’through a filter prior to the pitch extraction.

-The smoothing filter used is a cosine filter [36] - whose input-output

relationship is given by
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‘ o
[ ;

A A (sn__1 +45_ + 5,,.;.1)/5: L - _ : (2.16)

g . . -

where Yy is the oetput-c§ the filter

. and S_1is the input to the filter. ¢
n Y -

The normalized torrelation coefficient 15 then given by

Nfz ' |

JORE S k=1, 2, ...N/2 (2.17)
" TEs m] -

" The normalized correlation 15 ‘evaluated using only N/2 mult@plica—

tions for each summation 1n equation (2 17). The search for the
opt%mum value of k wag constrained to lie between k = 50 and k = 120,

'This corresponds to 5 and 12 mgec respectivel& Of the speech samples

Ky et .
.ﬁiﬁsted the 1mposed constraint did not affect the accuracy of the pitch

detection

2.3. Lineer'Predictor Realizatlon Schemes

" The linear predictor can be thought of as an all pole digital

E filter. The three basic forms forrealizing linear digital filters are

tse directf,the cagcade and pa{allel The advantages and the dissdvan-'

tL% of each realizetion scheme, have been treated in some deta11[28-

30]. The direct and the parallel realization scheme were implemented,

the tesults for each case are discussed below.

2,3.1i. Direct Form

The realization of the linear predfctor in the direct form is
sﬁown in Figure 16. L )
The ditect form of realization is eensitive to the truncation and

roundofferrors [28-30] in the predictor coefficients, and in some casges

+ Tﬁe.directlfbrm i8 equivalent to the canomio for an all pole fféte;;_

. € . -

‘-

(£33



-3, Truncation amdtoundofferror due to the finite word

\.(

o . | '
“FIGURE 16 - Direct Realization Form Of The Linear Predictor
. I : Lo,

- . .
p .
L : \\
T 5 . . -

it can cause stability problems The error build upfin che predie—
tor egtinate is very rapid especially when realized in the direct form
The error build up is cayged’ by the follawing.

1.  Errors-n the assumed model I A ot

2, Finite precision of the data o

'

length in the galculations. o L 4 - L

|

The 1inear predicto estimates the 8 eech samples recursively,
R\ P

and any error "in.a- previous es%imate will affect the subaequent eatimates.




This can be Beat obaerved ﬁ} considering the . following example.

" Let the error in the predictor parameters be Aai, and the error
in the sample estimate be ASn. Under these conditions the predictor

model is given by
. g

n P . . . .
S]i = izl (81 + A&i] . (Sn"‘i + Asn—ll - - Y (2.18)

multiplying and rearranging,

-

8 4 , :
E i Sh-1 i={= {aj‘:!!‘Sn_i + ba, sn_i + Aaid sn_i} (2.19) .

*

*

‘The second summation on the RHS s the cause of the error build up.
Increaaing the. order of the predictor will not improve the sample
estimate by a 1arge amount. The greateetimprovement will most 1ike1y '

;;come from higher precision data, aince this uill also increase the
accuracy of the model. A significant improvement can be expected from
using a larger word 1ength in the evaluation of the model and also in -

-

the estimation proceas

2.3.1.(a) Linear Predictor Excitatior Function
ihe;pae of an imoulae fot the excitation of the 1inear'predictor
may not- be the best approximation to the actual txcitation of the vocal
.tract. For voiced Bounds, an air pressure is built up within the lungs
and is allowed to eacape through the glottal orifice into the throat
’ cavity. The glottal volume air flow has been studied extensively
[24,32), and their findingalindicate that the exc:Lation could be
éonaidered to'oe triangolar. One of _these stodiea has reported [32]

"that when"a triangle is used as the excitation function, bast results -

are obtained if the opening time 1s about 40X - 50% of the total open

- -

L



u

time, see Figure 17.

\\/) . . The duration of the pulse T is variable with a total open timel
between about 2 to 8 msec. However,”wnen using the’linear predictor
with a triangular pulse_aalshe excitatioq, the equivalent open time or
the time over which an input is applied is leso than or equal to p times .
~ the number of sampling intervals {p 1s the order of the predictor) It
was found that a longer open time produced a heavily smoothed output.
‘To prevent this, the open time was constrained to be less than 1 mgec.
The effect of using a triangle as the excitation pulse is to place zeros
x{ at tj Zn/T Hz in. the s-plane [Ql]
l Theoretically, the input to the linear predictor could be made an
impulse and the order of th; predictox would be incréhsed to compensate:
: for the actual pulse shape.' However, it is not apparent as to the.
increase in the order required to adequately describe the pulse shape. - e
jAlso, increasing the order of the predictor’ will not guarantee that
the increase in the model will get asoigned to the input pulse. -It
may well be that it will 1nstead create an extra formant. | 'J i

If the linear predictor has both poles and zeros, then the model

for the speech production process 1ig given by

L3

_ X bj 23 . . )
. o _1=0 - Xz - i :
. H(z) X - (2.21) |
l - E a, z ' _ .
i=] . - B LT L
rearranging ’ o : —
Y(z) = { a, 2y (@ + ¥b, 2 xezy o (.22 .,



where

.

45,

T = pitch period

To = opening time

-T1 = closing time

T = 1Tp + 11 = total open time

[y

T

FIGURE 17 = Approximation To The Glottal Pulse Shape

e

-

TIME
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Taking the inverse z-transform of equation (2.225 we get,

. p N y .
y(nT) = [ a; y(n-1)T + Z b, x(n—j)T T (2.23)
o 1=0 ' '
1f we now let the input be an impulse §(nT), then the predictor
Zeros bj S must describe the shape of the desired excitation function.
. Thus, if we degire a synmetrical triangle to be the’ excitation, which is
of 4 sampling intervals in duration, see Figure 18, then
b0 =~ b4 0 | _ | .
b1 = b3 = 1/2 )

FIGURE 18 - Triangular Excitation Pulse

—

Impulee and triangulat pulses were tried with varying\pulse duration.

"1t was found that a symmetric triangle of duration of about 10 sampling

intervals gave the best results. Also, the_pqlse height was made propor-
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‘where k is the scaling factor to'be determiced.

e W]
.

47 .

tional to the energy of the signal in a given analyais interval. To
ensure that the energy of the predicted signal was 1dent1ca1 to that of

the original the following scaling procedure was found to give good

results,

Let the predictor estimate be given by

S = aisq‘_1 . - - o _ (2.25)

and let s =kSs - » L (2.26)

L.

Now equating the energies of the two waveforms, we obtain,® | - fj‘ﬁf‘
Zsz-w ' S 2.2y T
rearranging ' ' ' ' . :
] ): [ 2
1 ‘ ‘0 n
K k = X g > (2.28)
i

n
Figure 19 ahous plots of the original aneforms for the words

"NOON", "DA ". "SLEEPY" > and "HOW ARE YOU“ Figures 20 and 21 show

the results-of the 1mpulse and triangle excitation respectively for

the same four gets of data.

2.3.1.(h). Linear Predictor With Zeros

The use of the 1linear predictor as' a model for speech production 3
procese is only an approximation. 1In the previous séctions, the ' V’\\;
linear predictoc vas agsumed to be an all poleﬁdigitai filter. The -
inclusion of both pole;:and ierBs in the predictor model is expected to

improve the model performance. If the model has both poles and zeros,
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, FIGURE 19 (a) - Originél Waveform Of Fhe Word - "“NOON" o
. ' R, v _

.10 msec
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PIGURE 19 (b) - Original Waveforam 0f The Woxd ~_"DAY"

b
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FIGURE 19 (c) - Original Waveform Of The Word'- “SLEEPY" .

SCALE- 0 | ' 10 fnsew

‘-
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FIGURE .19 (d) -

1

. * E
Original Waveform Of The Word ~ "How ARE YOU"

. -SCALE ¢ 10msec -
. ! ,



FIGURE 20 (a) -

Reconstructed Waveform Using Impulse Excitation - "NOON"

0
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FIGURE 20 (b) -

Reconstructed Waveform Using Impulgse Excitation - "pAY"

}
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FIGURE 20 (¢) - Rec

onstructed Waveform Using Impulse Excitation ~ "SLEEFY"

£ \
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FIGURE .20 (d) - Reconstructed Waveform Using tImpulsje'
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# FIGURE 21 (b) ~ Reconstructed Waveform Using Triangular Excftation - "DAY"
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FIGURE 21 (d) - Reconstructed Waveform Usin’g.\Triangular Excit‘ation - "HOW ARE yoU"
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’ ’ o
the predictor transfer functien is given by

Z by 2 .
) H(z) = 20 Nsp - (2.29) .
a ' ' N
121 ' ‘

_.f:‘ N
where a, and bj are the predictor coefficients.

Let X(z) and Y(z) be the input and the output- of the predictor

respeetively, then

) b0 + blz. + bzz + T"+ sz
Z) ’ -l_i. -2 —p'
| alzch-razz S e BPZ‘

o
N
b

(2.30)

L]
~

If we now let X(z) = 1, that is, ad impulse, then ' !
' =1 -N -1 - :
(5, FbpE At by f(l T 2F 0~ az’P) vz (2.31)

Collecting terms in-equation'(2.31),we have

o
It

2 = ¥ T Ay - ayy, N . : ' . (2.32)

- -~ . .
- .. .

T
The predictor Zeros can be obtaiued by solving the set of equations
(2 32). Thisg procedure has been auggested [33 34] as a means of obtain-

ing the di ital file zeros, and a gimilar technique wag described by
g Q{ ; A

_ Freeman [35}. -
" The above technique will not work efficiently because -any error in

the predictor coefficients’ ai's will also affect the bj' - Round off and
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truncation errors 1n solving equation (2.32) will further degrade the
predictor zeros. Furthermore, the zeros bbtained by this method do not
-repregent the true speech signal zeros, since a small time shift in the
signal will give totally different ‘Tesults. This procedure was
implemented and results are shown for the words "NOON"', 'DAY",'"SLEEfY",
and "HOH ARE YOU". respectively, in Figure 22.

2 3.1i.(c) Linear Predictor with Initial Conditions

- where a's and b's are the predictor coefficients and e is the excita-

The best appraximation to the actual speech production process is
by a model which has both poles and zeros. Let the difference equation

»

‘describing the speech production process be given by

P . ON v

$.= 1 a + 1, |
noL4 4y Sn-1 =0 j ®a-j N . (2.33)'.

~

b

tion function.

Now let S

51%95
52 = 52,, ' e =
s =S - ] -
P P X
and e =§(n) . S .
D. . * \
_ For . p <n < N, the equation (2. 3&1 reduces to
{ . - . - ot R - . , .
oLy %1 %a . | (2.35)

From equation (2. 35) we /see that, if the first P speech samples are

uged as initial conditious in equation (2. 33), then the summation

L
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FI.GURE"ZZ {a) - PoleiZerb Model Beqonstrﬁction-,of The Word - "NOON"

o




.

+ . EIGURE 22 (b) - Pole-Zero Model Recongtruction O’f;ThjéHord - "DAY"

-~ B
- '
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FIGURE 22 (c) =~ Pole—Zefo ﬁbdel Recoust.ructi_o

64,
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. FIGURE 22 (d) - Po}e—Zei%el Reconstruction Of The Word — "HOW ARE YOU"

-

<



k™

66.

involving the excitation does not contribute to the speech estimate, as

'hshoun in, Equation (2;35). The use of‘initial conditions (initial condii'
tions are the first p speech samples in a giveu analysis interval at
which time, the time parameter is reset to zero) in equation’ (2.33) has
removed the excitation function from the difference equation. This 1is
an- added advantage, sinee we are uncertein as to the actual shape of

the excitation pulse or of the location of zeros which will adequately

define the speech waveform. °

Implementation of equation (2.35) for speech synthesis by using the
'linear‘predictor will run into the following problems.

l.  The evaluation of the predictor coefficients ai's requirea

very accurate data if direct-realieation is desired.

2. The iterative nature of ~equation (2 35) is very sensitive to trun-
cation and roundoff errors. Any error in a previous estimate

will affect the subsequent estimates. -

The initial conditions model will give good results if the predictor
is initialized at- the start of a pitch period. This is not always _
possible due to the difficulty in estimating the actual location of the °

.pitch excitation. Oue way to overcome this problem, is to re-initialize
the predictor atan extremum point close to the location of the pitch_exci—
tation. _When thie is done, the initial cbndition model ﬁill give good
results. ﬁewever if the predictor is re—initialized at some time where
the speech signal is low in amplitude, the resulting reconstructiou will

be poor. Figure 23 ghows the results of the initial conditiqns madel

reconstruction for the words "NOON", "DAY", "SLEEPY", and "HOW ARE YOU".

3

-y
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FIGURE 23 (a) — Initi

’

al Condition Model Reconstruction Of The Word - "NOON"
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FIGURE 23 (b) - Initial Condition Model Reconstructi
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on Of The Word - "pAY"
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- FIGYRE 23 (&) - Initial Condition Model Reconstruction Of TheWord - "SLEEPY"
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2.3.ii Parallel Realization

In the parallel realization scheme, the rapid'erfor Build up which

was assoclated with the direct realization is avoided. Although the
/’_\

“parallel realization is also iterative or. recursive, the error build up

<3
is much slower. In this type of realization the model for the speech
production process 1is not constrained. to be an all pole digital Eilter

The effedt of the speech signal Zeros. is included in the residues

Let the transfer funetion ofvthe apeech produccion model be given by

v

N .
‘ Z b z—j
S L SN - | 2.36
D 2} =2 KT X £ p : (2.36)
£ ‘ - .
i e P : -
: , SN
~1 -2
_ b+ b12< + bzz +o.... ,
1-— a 2‘1 -'a 2-2 - :
s S LI REY

let N = p and mulfiply top and bottom by

P Coopel .
b0 + blzﬂ +....+ b

: N
H(z) = .
h 2P - g 2Pl cedes.= @ (2'37?
_ 1 1 . :
Now the roots of numerator and the denominator ! L
of equation {2.37) can be fodﬁd and H(z) can be expressed as,
‘ ' o -1 |
: k(1 - Bgz” )(1 -~ 82 ) (1 -8:2") S
‘a(z) = L - (2.38) .

{1 -~ agz” )(1 - ayz l) R § upz—l)

Equation (2.38) can be factored uéing partial fractions into the

- following form.

A A A
By om — b 2 %

1 - ulz_ll 1- uzz_l 1 - %%

= - . (2.39)
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where A; 1s the residue of the ith pole

and ui, i=1, 2, ..., p are the poles.

L - Thus the pth order difference equation can be reduced to p first

order difference equations. _Alternatively one nould combine the complex

v

conjugate pole pairs to form a number of second order:systems The
realization of the linear predictor in the parallel form is showm 1in -
Figure 24. The inputs to the system shown in Figure 24, are the residues

A and’the poles a,, 1 =1, 2, +sey p. The poles'are'fouhd frod the

1

predictor parameters ai, and one technique of finding the” residues will

. be discussed in the next section. -The" output of Figure 24, y(nT) is a

resl function, "but any of’ the intermediate outputs may beé complex depend-

ing upon the respective pole. When the intermediate outputs are summed,

all the imaginary components should cancel leaving a reai result. The -

B
P

"

transfer function of any subfilter is given by

o

_ l-az _ e .
3 | _
. rearranging '
Y(z) = sz-l,Y(z) + A X(2) e I ' (f.&l)_
, .
‘ taking the inverse z-transform of both sides we obtain‘
. B &."_m _ . B
Yp Ty g+ A xi T - (2 42)

-r—.‘J

ghere will be p diff7kence equations of this type 1nstead of one %th |
ordegi;ifference equation." The error build up in this model will be muoh
less severe, since each subfilter requires only one multiplication and one

' addition. Also, the nth* estimate, now only depends on the (n-l)th estimste,

instead of the previous P estimates in the direct reslization scheme.

. N K
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FIGURE 24.7 Parallel Rea_lizati'on Form Of The Linear Predictor .
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The results of ‘the parallel realization are shown in Figure 25 for -

the words "NOON"" "DAY" "SLEEPY", and "HOW ARE You", respectively. .

Y

2.4. Closed Form Reconstruction i T

This form of realization makes use of the agsumption that the speech
signal can be expressed as a sum of exponentials. It differs from the
iterative cases, in that the estimate of ‘the nth speech sample does not

depend on any past estimates. Because of this, it is less sensitive to

S

round off errors associated with rﬁe‘finite word length 15 digital

" computers,

2.4.1. Exponential Curve Fittifg

b

In this method, the speeeh signal S(t) is estimated as a sum of -

exponential functions in a given analysis_interval;r Thusg

' P L . _ :
s(e) =] A expl(a +.98, )], 3=/ L 2.83)
"~ kel : L

e

where ok,‘Bklaﬁaﬁéﬁ;gre parameters that characterize'tﬁe.speech wave.
The derivation'bf'the parameters is based on the minimization of the

) L . v
mean squared error between the speech édmple'and its estimate. A

function that satisfiea equation (2. ﬂ3) may be shown [36] to satisfy a

pth order difference eqoatiou. Then_

s[(n+p)T] + a s[(n+p 1)T] +'a s[tn+p 2)T] e _
“e . + a S(nT) = fb:in} - . ‘_- o (2.44) Y
where T is the sampling interval -

a s k=1,2, ..., p are the predictor paremeters
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FICUﬁE 25 (a) - Pa;allel Realization Model Reconstru
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ction Of The: Word - "NOON"
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FIGURE 25 (b) - Parallel“Realization Model Reconstruction Of The' Word - "DAY"
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FIGURE 25 (c) - Para'll'el _Réali_zation Model Reconstruction Of. The Word - "'SLEKPY"-
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FIGURE 25 (d) - Parallel Realization Model E{.éconstmc_tion Of The Word - "HOHAREtOUn
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. l\errar is-given by :. ) ' e

79,

The system of equationg given py (2.44) can be solved for the

unknown parametera ap, by least squaresAtechniques{

X, = exp[(e + 38)T]

n -
-

With,

(2.45)

it can be*shown [36], that the Xk's satisfy the following polynomial

equation,

a +a x+a”xX"+.....4+a Xp_l + xP =

1

-

0

(2.46)

Equation (2.46) may be solved numerically for Xk's (the poles of the

parameters o, and Bk are then cbtained as fellows:
tet Xk = . + jdk
then a# = —-Zn [ck2 + d 2]
8 = [dk/ck]

k=1,2,....5 p

Y

J

. predictor in the z~plane) by the use“df Newton Ranhson algorithm. The

(2.47)

.

o and Bk-are the real and imaginary part's of the s—plene poles of the

predictor,'ean be obtained by the method presented above.

"The evaluation of the residues Akiis:ﬁased on’ the following

analysis.

.. Using equations (2.45) in (2.47) Ene obtains
St . P ”.[;. :
‘S(nt) = § ‘n=1,2, ....)N

RS

/

< S(nT) and.its estimate S(nT) given by equation’ (2 48)

»

(2.48)

The Ak s are obtained by minimizing the mean squared error between

* The mean squared
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N A 2
E = % Zl I—_S_(PT) - s(nrz[
1 ¥V 2 al - | T
% Ll [s@D -]-a x - S (2.49)
n=1 . k=1 o ) .

‘ Differentiating €quation (2.49) with reSpect to Aj and setting the
e
reault to zero, one obtains

s

3E 23 :
WA, T TN ): S(nT) - Z Ak x‘k | - (2.50)
N L . .

j=1, 2,.....,p

rearranging
NP N . .
LI g x"a =] S(aT) X, | (2.51)
n=] k=1 n=1 o '

w

The solution of equation (2.51) yieldé the residues A

-
-

The advantage of this method over the methods discussed in the
previous sections, is due to the closed—form analytic expression that
is obtained for estimating speecnqsamples. Thus the quantization
‘effeéts that occur in the iteratiﬁe methods are avoided. The parallel
realization and the closed form realization are identical except in the
: -

reconstruction. i '

v

2.4, ii Adaptive Adjustment of Syatem Order _ i . -

.

Due to the inaccuracies of numerical computation and the finite
I'4

precision of the data sequence. it is possible to have’ the poles of the.
c108ed form model in the right haif S—plane indicating instability In
such cases, the poles are simply shifted to the imaginary axis. Another

difficulty that might be encountered is the ‘overestimation of -the system,

=
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Overestimarion of tﬁe system order results in iarge values for the
_residues Ak (equation 2. 48), resulting in excessive overshoots in Lhe
recohstructed data. Another Symptom or the qverestimation 1s the loca-
tion of the poles of the model in the far left half plane. The procedure
here is to ignore any poles with large real part before evaluatlng/the
residuessAk Poles whosé’time constants are less than 0.1 msec., ma

simply be-ignored as having insignificanr effect on the Spééch reconstruc-

tion. With the above procedure an adagéiva adjustment of 5ystem order is

System order ;re shown-in Figure 26, for the words, "Nooy", "DAY",
“SLEEPY", and "HOW ARE YoU".
g;é: Summary -

Thé evaluation of the predictor paramefer& by either the square
root method or - the Gaussian elimination is fairly stralghtforward The
computational time can be con51derably reduced by using the techniques

Indicated in section 2.1.(1). The problem of singular solutions did

system of equationg were-approximately 5 mgec. for a 12th order.system

" As shown in Figure 12, the frequency response of the linear predlctor
obtained by the two different methods, is identical Thus, [erL is no
real advantage with any one method for solving a linear system of equations.

The impulse excitation of the linear’ predictor on the whole did
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FIGURE 26 (a) - Closed Form Model With Adaptive Order 0f System

. ' g
) . Reconstruction of The Word - "NOON" ) . "\
. .
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FIGURE 26 (b) - Closed Form Model With Adaptive Order OF System -

_Reéonstruc;ion.Of The Word - "pAY™



FIGURE 26 (c) - Closed Form Model With Adaptive Order Of System

S Reconstruction Of The Word ‘- "SLEEFY'":
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FIGURE 26 (d) - Closed Form Model With Adaptive Order Of System

-Reconstruction Of The Word - "HOW ARE YOU"
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ﬁot‘%roduce very good results.. In some bdrtiqﬁs of the word "NOON",

Pigure 20(a), the reconstruction seems very promisiné. The ‘use of an

excitation funct%on other than an impulse’ 15 recommended for high

quallty speech ynthesis. - :
N , ' . . ) :
The use of a triax lar pulse for'the excitation is an improvement

over the impulse, as can be seen by comparing the results of Figures 20
K

and 21. On the whole, triangular excitaq;on produced better results in(

all the samples tested. One noticeable feature with both types of

.\

excitation is ‘that the reconstructed signal was much smoother than

- the original wavefornm.

The inclusion of zeros in the predictor model tended to produce an

oscillatory reconstructed signal. This isevery much apparent in the

-

reconatructéd waveform of the word "SLEEPY", Figure 22(c), in the lsdst

block. The inclusion of zeros in the linear preeictor model did not

¥

produce a significant improvement over that obtained with the impulse

excitation which uses an all-pole‘model.

-

. The use of an all-pole model with the apprOpriate initial c0ndition5,
gave éood resules, see Figure 23. As menticoned prevﬂously, if the
initializing is done at a point where the speech sigual is low in
8mplitude, the resulting recona@ruction will be poor.

. The other notfgeable feature in the reconstructed signal is a
sliéﬁt loss in the signal”ﬁhplitude. lhis can belcompensated‘vithou; too
much difficulty. - * S |

- ‘ : ¢ i}
\ By far the best results were obtained with the parallel realization

]

. . -
nd the closed-form models (the two are essentially identical, except



i

in the reconstruction). This is evident by comparing the reconstructed

)
1

signals of Figures'25 ‘and 26. The improvement in the reconstructed’

“

signal is due to,

i) the reconstruction is no longer recursive (*losed form model)

- 4.

11) the effect of the speech signal zeros has been included in the’ ‘
residues. ' e

The ﬁarallel realization form; while‘being rEcursive,-does not have
the éame error buiiﬂ up-as the direct realization models. The estimate
of the nth sample only depends on the nth-1 sample, indtead of the
previous p sémples. Because of this, quantization effects are not as
severe. |

The use of an adaptive system order has been shdbn td be feasisle.

This feature makes it possible to prevent overestimation of the system

‘order which could otherwise create problems

‘With the triangular pulae excitation, tlie following model was

found to give the best results.,

~

N-X'j : . .
K S 's _ . (2.52)"
- jk n=1 ‘n+j - . 6t ‘ :
Similarly, for the dther techniques, the pole-zero, 1nit1al’ ' {«
conditions, the parallel and the clogsed form realization, the following
: , T
model gave the best results. ) T
)
¢ L S _.S _ (2.53)
3 neptl n-] n-k )



. . : .

* L. '\-\I

CHAPTER III

CODING or SPEECH SIGNALS ’ . -

3. Coding of Speech Signals o . 0 . -

* . s o -

" In the transmission of speech signals, there is a large amount of
redundant 1nformation, which “can be ‘Temoved before the-signal is

“ L4
trsnsmiﬁted The removal of any redundancy in a speech waveform will

result in bsndwidch compression. Coding of speech signals 1s a means

N -

of achiesing bandwldrh compresaion, and 1n doing 80, more efficient
channel utilizstion~is effected. A means of Eransmitting the same

information but using less channel space has been the aim of numerous
coding schemes.. Two of the more recent coding scﬁemes ard analyzed in -

) this chspter; and means of lmproving their performance are indicated.

3.1, Predictive Coding of, Speech S »

‘For many classes of information signals, the value of the signal at

a given 1nstant can be expressed as a linear eombination of irs

]

1mmediate psst values. This represents redundant 1nformation, which if
eliminated results {n data compression. Several digital techniques({is,

17, 371, for data compression have recently been proposed, thst'utilize

4

a time varying linear predictor for forming estimates of information samples.

An error signal, e between the ssmples of an input sequence S and
- o

linear estimates of these Bamples Si is obtained. If the energy of the

-7

error signal sequence 1s small compared to the energy of the input '

-

sequence Si’ digital encoding oﬁ eTtror samp}es would require a fewer number
" of bits, compared to 8 bits per sanple foraan 1nput sequence,of speech
signals. In a.typical coding scneme,lrhe'error signal‘is transmitted at
the same rate ss the:input sample seqnence.(lo kBs), while the parameters

88



.o L L s,

of the linear predictor are transmitted 1t a much slower . rate (40 Hz).

Using a scheme similar to the above, digital encoding of speech signals : s

!

i at 15,000 bits/sec. have been reported [17]. However,.the choice of

optimum quantization levels for max imum signal-to—quantization noisge o

LA "

ratio has not been established, owing to the multimodal and nonulinear

-

characteristica of the system.
In this chapter, a technique is predented, for digital encoding v
of the signals, which besides keeping quantiittion noise level low,

enables the determination of optimum quantization levels.

3.1.4. _gggntization Techniques

The choice of -a suitable quantizer for- digital enqodi;?sof speech

signals is important in the realiLation of maximum signal to quantization
noise ratio. A brief discussion of the different types of quantizer will

be présented here, A quantizer{ basically, transforms a continuous'

signal into predetermined discrete levels. A typical doantizer'withré

discreté levels is shown in-Figure 27.

The input is a sinusoidal signal and the output is seen to- be a

by

‘-staircase function. ' _ B .

Typically two types of quantizer are used for’coding.° The firat -
type has a zero'lcvgl and the number oftleﬁels is odd. The second type

: . R ‘
has no zero level and the number of levels is even. These are'shown in
Figure 28. :

[y
\

Besides the quantizers are also characterized ag linear, non—linear.
{

odd symmetric and non—symmetric. In this discussion only linear odd

symmetric quantizers will be considered. For 3 quantizer with odd number

, ii_ hﬁ? .
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-where_An is cbtained ffoﬁ equation (3.1) .or (3.2)

91,

of levels the output.is given by .
‘ ~— |
. ) ; N 1
. [N—l] - | , . . ‘
: 2 . . '
ey | L dsemle, - e) + sgle +e)}| JERY

-~ where sgn(e) =1 ., ez 0- '

Q is the maximum output of quantizer
\

i,ei are the ‘transition points (i = i, ....[Egll')
N is the number of ‘levels. -
For a quantizer with even number of levels
E . E ’ -

-1 - .

\ 2 . .

’gn - % [:2 sgn(e,) + } {sgn(ey + eq) + sgnle, - eg)}1(3.2)
¥ im] - . ' ’

.
In the general case of a linear odd: symmetric quantizer, the output

v ! ! .
e may be expressed as . i

" - )
eu =hQ 'Ah . - ¢ ) (3.3)
: s

>

"The optimum value of Q is detefmined-by minimizing )
e . i s .‘ ' . C 0
M N 2 R .
. D 4

Differentiating equation (3.h) with respect to Q and equating to
O : \ '

zero, one obtains

H.

E -2 )
3Q o M n=1
7
\ . F



. - 92,
. rearranging = . . )
: N -
- z A e 4 »
"oy Bnom (
Q = M (3-6)
3 z An2 4 -
- n=] -
Example:
N =2 )
= Q sgn(ey) - o 3.7)

v

M .
_ where Q= % E[ |eﬁi 1s optimum.
n=

‘Thus Q' optimum.may be easily determined if the tran&ition points are

[

\ -

predetermined. The choilce of transition points is dependent on the I
nature of the application% for gpeech coding, the transition points may
-be chosen to be a 1ineaf function of the RMS value or the mean'of'the.

- absoléte value ;‘\fhe sigﬁal,‘thqt is |

-

Yo o (3.8)

X K ; . ) .
or & T Ry n-1ls , R - (3.9)

where K is a constant that would have to be determined empirically

Fl

3.2, Qpen Loop Predictive Coding

Figure 29 shows a digital implementation of a.predictive coding

' scheme for voice signals. .The linear predictor forms an estimate Sﬁ of
v L] - .

the input signal Sn' by a linear coébination of p past samples,
. N 'p . . "
Sy= I a Sk | ~— (3.10)
kel © p

L



“qf input samples is given by ' . .-

LINEAR LINRAR '
! PREDICTOR PREDICTOR
FIGURE 29 - Open Loop Predictive Coding: ° ///,
e e — L4 y
- .\! .
* 4.

U ° . . ) N

_Since the voice signal_is non~statibnary, ﬁhe weighting coeffibients
a, are updated periodically. Typicaliy a valuT Eor p is 10, while the
coefficients a, are updated every 24 msec. for! speech signals sampled
at ‘10 kHz. The coefficients ak are determined &y minimizing the energy

of the error &::‘.gnxa_l‘ﬁ:L - Si —‘Si. '
.. Iq digital transmission, the prediator coefficients and the error
Falk .
samples are quantized to achieve data. compression. At he recelver,
!

—— -
the transmi;ted ‘data 1s used to recongtruct estiﬁatea the speech

. : 5.
samples. Referring to the scheme shown in Figure 29, the local estimate

-

\‘-
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) & -
( - .94,
I a s : y o (3.11)
- kn. i . ~ . )
The error in the estimate is
e =S -§ /s , (3.12)
n n n _
_ - o
The transmitted error signal o -
- [e n]quantized (3.13)

e .

The error in the reconstructed signal at the receiver, neglecting
. Ry "

the quantizing effects on a,, 1s given by

\

~J
e

w2

8§ 'S =e - +S5 - )
n . n n n n n -

(3.14)

The'error term contains not only the quéntizing noise of the error
signal, but also includes the quantizing error in the estimate. This '

nolse may accumulate as the sequence length increases, resulting in

poor ﬁuality of the reco;structed signal.

3.3. Differential Pulse Code ModuYation

In order to”overcome the cy¥malative effects o | quantization error

in the estimate, a difggfeﬁtial pulse code modulatiol scheme propesed by

McDonaldlléI was studied. This‘achqne is shown in Figyre 9. It can be

shown that the error in the reconstructed signal at the receiver for the

above scheme is the same as that in the error. signal »

At the receiver o \

n " e . .o
S =5 + . (3.15
. n, n T L . )
e " T S
S = a, S ) r 1 (3.16)
n kel k "n-k .
'; ~
S
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a8 =Te]
an ®n L “n quantized

The error in the reconstructed signal is
TR -

n N | :
S -8 a§5 ~-§ +8 - S o _(3.19)
n n n n n n . , -
- ) - v . '
=e —e . ' o (3.20)

Equations (3.20), shows that the quantization rioige at the receiver does
not accumulate. However, this advuntaée is offset by the‘difficulty in-‘l
o;edetermining the optimum quantization levels for maximum signal-to-quan-
tizing ngise ratio.. The differential euise code moduletion:scheme is
highly sensitive to the quantization level and the problem of determining
the global minimum of the mean squared error between e, and e 1s still

to be solved. An arbitrary choice for the quantizer level haa been

found to also lead to Instability in' the coding -scheme[40] .

3.4. Two Stage Adaptive Predictive Coding

o8

"It 1is en from the above discussion ohnt both the open-loop and
the differential pulse code moduletion heve certain disadvanteges that
render the practical implementation of data compression techniques
difficult. Tt is further observed that the open-loop quantizer enables
the predetermination of optimum quantizer levels, while the differential
pulse code modulation avoidg the cumulative e{fecte of quantizing uoise
due to error in estimate at the receiver.

‘In order to cgmbine the agvaﬁtages of both open-100p and differential
pulee code’ modulation, the scheme shown An Figure 30 is proposed. - In this
scheme, differential pulse code modulation ueing a two~level quantizer is

2 L] v
used to produce the sequence S . The sequence Sn 1s compared .with Sn and

)

- ¥
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the - resulting error is optimally quantized into two levels. Thus the

~overall scheme. results in a two bit quantization of the sequence S .

The analysis of this scheme is described.in the next section
. \ .

S 3.4.1. Prima}y Stage

[
In this stage, a. differential pulse code modulation of S ‘1is
performed Referring to Figure 30;p2he qu&ntizer level- Q1 iézghosen

to be

O
%‘ 2 S Loags o . T T 3D
& " - 7,} |

where Nl'is the interval over which Ql.is constant. For this ingérval,

. u
the sequence Sn is given by

P x . o S
Y ] yY) ! X ‘
S ¥ 8, S o+ Q) sgate . (3.22)
ke=1 - )
where enlzf a Z ak'sn-k ) - .
. a k=1 .
8 = [e] Q-
2 “n _ “n quantized Q, sen “n

I

The .choice of Qp as given by edué%iou (3.21) ;18 based on the
. C ’ - :

following reasons,

1. The eptimum value of Ql formaximum signal—to-quantizing

noise ratio is very difficult td determine, owing to the

non—linear charac:eristics of the quantizer and exiatence

'of a closed loop around the quantizer,

-

2. The original aequence S 1s given by

Eaksn_‘k Sn’--"kglaksn-k] ‘ (3.23)

T * o
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-~ ' . s ]

"y . n
Thd Tecongtructed seflience 5, is
A ' -
f <
o " B .
Sn = 2 cay Sn—k + Q1 sgn e _ (3.24)

where e, Z ak

k=1
. 1 . : ’ )
A comparison of equations (3.23) and (3.24) reveals that*if

‘Ql sgn e, 1s chosen to be a gqod approximation to S, ~~E ap Sn—k’ .
"

then the reéonstructéd_sequence S will be close to S . Since
sgn e, = * 1, the choice of Q, is chosen to be an optimum estimate of the

magnitude of Sn'f kzl a, Sn g In the analysis interval. The value of Q1

1s obtained from equation (3.21).f

¢

3.4.114. Secondary Stage

“u
In this stage, -the reconstructed sequence Sn of the primary stage

is Compared with Sﬁﬁand the resulting error is quantized by a 1 bit
quantizer. Since this staée Tepresents an open loop codinglscheme,
the quantizer levels can be otpimized for maximum signal- to—quantizing
noise ratio. Thusg foc the secondary stage

™ Sy - S - _ (3.25)

If a, is quantized by a 1 bit quantizer, then, the quantizer

output is hiven by

n .
wtxn - Q2 sgn a | (3.26)
The optimum value of Q, 1s shown’ to be
| . N2 .
- = a (3.27)
QZ Nz ngl l nl

where N, is the Interval of optimization.



The output of the secondary stage is, -

N X a" o \
S L S + a . ) K (3.28)
n n n

¥

The overall error 'at the output of the seeond stage is

try . " “\ N\
S8 -8§'"=S8S -8 4+8 -5 =T a -a (3.29)
n n n .n n n n n

o

Thus there is no build up of quantizafioﬁ error. The secondary
| stage has been found to yield on an average a three fold improvement -
in the signal— to-noise ratio over the primary stage.

o
3. 5 ‘Further Observations

‘The differential pulse code modulation scheme shown -in Figure 9

can be redrawn as showu in Figure 31. This is seen to be a closed -loop

El N i

ks,

ne
I
%]
17, ]

QUANTIZ .

t~
s ]

'
FIGURE 31 -~ Equivalent System Of The DPCM
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f

feedback system with a non-linear element in the forward loop. . This

§ystem can go anstable 1f the quantizer is chosen arbitrarily. A

L4

second observation concernsqthe.derivation of the model parameters. If
a model deri;ed from a sequence of say 80 points is used to Teconstruct
a sequence of 240 points) instabilities might occur, owing tolthe
inaccuracies of numerical computation and the finite precision .of Ehe
data sequence. It ig therefore recommendéd that a new model be

derived for each segment of the speech sequence to ensure stability of

the model

matrix may become fime conrsuming.” In such cases an alternate approéch
could be used-which makes use of the power Spgctrum[ll]. The procedure
for this technique is as follows: s

" A gegment of séeech sequghge (typically 80 samples at 10 Esz is
ftansformed by the FFT algorithm. The power spectrum of the speech

samples is then obtained by squaring the magnitude of the FFT sequence’.

Thus é
P(kR) = [ S T S T ' (3.30)
n-O L
where S =0 > 80 ;
. n .
~  P(kR) = S(Juw) - 5(-Jw) ’ - (3.31)

The 1nverse FFT of P(kQ) is then given by

[3) = X 5, S¢ - (3.32)
n-O . oY "

where N 1is typically 80.



-

. where S=1,2, ...\, p.

, | o L 101.

The parameters éi of the linear predicto. _-= then oﬁtained by

solving

e~

$(i-3) a; = ¢(1) . - {3.33)

Such a model using 80 samples, may be used' to reconstruct 240
speech samples (at 10 kHz). Further improvement is bossiﬁle if a new
model is evaluated every pitch period: in cases uhere thé'analysis
interval 1s taken as 240 speech samwples, the evaluation of the linear
predictor parameters b; the power spectrum method will be slightly
faster. The extraction of the pitch period is achieved by the use of

cepstrum or .the normalized auvtocorrelation methods.

3.6. Bit-Rate Requirements ) ' : v

The bit-rate requirements for a practical coding scheme are
discussed in this section. For speech signal passed through a 5 klz

.

low pass filter and sampled at 10 kHz, the following bit rate is

,

required:
1.(a) Model adjusted every 25 msec.
(b)  Number of parameters for model = 10

(¢)  Number of bits per parameters = 12

Bit rate for model adjustment o 4800 bits/sec.
Bit rate for-prima;y stage - ) 10000 bits/sec.
Bit rate for secondary stage I 10000 bits/sec.
Bit rate for adjustment of Q1 and Q2 . 2000 bitsg/sec.'
Total bit rate o | 26800 gits/sec.
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N 3

The equivalent PCH requirement at 8 bits/word 80,000 bits/sec.

-The above analysis indicates that a 3 1 reduction 1s feasible. o
An improvement in the quality of the reconstructed speech is

cttainable, at the cost of a higher bit rate, by the use of appropriate

inicial conditionms, everytime a new.model is evaluated, or by initializ-

ing the reconstructed signal every pitch period. For a coding scheme

incorporating the above, the bit .rate isg evaluated as follows:

l.  Model adjusted eve:y 24msec;

(a) Number of parameters per model 10

(b) Number of bits per parameter =12

1
'Bit'rate_for wodel adjustment 4800 bits/sec.
. Bit rate for primary stage . 10000 bits/seé.
Bit rate for secondary stage o 10000 bits/secf
Bit rate for adjustment of Q1 and Qz ?OOOIbits/sec.
Bit rate for initializing every 8 msec. 3200 bits/sec.
Total bit rate | 30000 bits/sec..

The quality of the reconstructed speech can be further improved by

using a higher order model for the-.linear predictor. The improvement in
quality will be at the expense of a higher bit rate requirement. If

the quality of reconstructed speech'is not of utmost importence (as in-
ham radio or army field communication) the bit rate can be further reduced
by using a 6 kHz sampling r;te, the bit rate required for the two cases
discussed will be 18,800 bits/sec. and 22,000 bits/sec. respectively.

Further reductions are possible if one is wiiling to sacrifice quality,
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3.7, Simulation Results

The criterion for the;selection of the quantizer level in the first
 stage coding scheme is seen, to glve acceptable results. This can be
verified by observing the reconstructed speech waveform of the primary
coding stage, for the words "NOON" "bAY", "SLEEPY" and "HOW ARE YoU",
These are shown in Figure 32,

With the inclusion of the. secondary coding etaée, the results are
further improved. The {esults(of the.secondary stage are ghown in
Figure 33, On auerege a“three fold increESe in the signal-to-noise
ratio can be expected by the addition of the secondary coding stage.

3.8. Summary

“The propesed coding scheﬁe 1s capable of reprodocing the speech
waveform extremely well, The use of a multi-level quantizer in the
gprimary Stage is not recommended duye to the sub-optimal operation of
this stage, The need for the secondary stage is evident by comparing the
reconstructed waveforms of Figures 32(d) and 33(d) with the original_
waveform of Figure 19(d). B

The use of the same iinear predictor model for more than one
_analysis interval 1s possible if the gystem of equations (3. 33))13 used,

- The results of Figures 32 and 33 are shown with the model kept constant
ror three consecutive pitch periods. This procedure is not recoumended

for‘oth%r models since it can lead to instabilities in both the primary

and the secondary coding stages,
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 «FIGURE 32 (c) - Primary',Coding Stage Reconstruction Of The Word - “SLEEPY".
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FIGURE 32-(d) - P
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4. Frequency Domain Speech Synthesis " -

‘Any error in anestimate will eventually build up causing severe

CHAPTER IV

FREQUENCY DOMAIN SPEECH SYNTHESIS AND CODING

4

-

One of the problems associated with most coding and’ synthesis

. *
~

techniques is the development of an accurate model for the ‘speech produc—
tion process: Contributing_to Fhis problem is also the voiced—unvoiced
decision, and‘the de;ermination of the pitch frequegzy.of voiced sounds.
A numher of cechniques'using spectral and time domain information have
been recently proposed thdt utilize & linear prediceer for the speech
production proczgs..The limitstiens of.the“lihear‘prediccor have been
discussed in Chapter IT in some decizﬁ.

As pointed oht in Chapter. l\\\the 1inear predictor is an all-pole
model and does not include the zeros of the vocal tract. Alsoy it is
essentially a recursive digital filter which is prone tn error build
up because of its dependence on the past values of the speech signel

I.

degradation in 'the -reconstructed speech signal. . .

The technique discussed in thisichapter makes use of the speech

signal frequency spectrum infprmation. A speech pgpduction model is

then formed which takes into account the effect of the poles and zeros

-

on&the speech sample, It is computationally very efficient and real time
, ' .2 . ’
operation 1s possible with the appropriate hardware. -

4.1. FFT Model For Speech Synthesis

* The important parameters to be considered in speech production are,
i. Pitch period
2. Glottal pulse shape

112
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3. 'Vocal tract resonances

4.  Voiced-unvoiced excjtation

Thé vocal tract resonances (called'formants) are determined either
from the poles of the linéar ;redictaon or the peaks in the short-time
spectrum ,of fhe speeth-wave. The pitch period and the voiced—unvoiced
decision.ate obtained from the short-time autocorrelation or cepstrum
tgchnlquga. The glottal pulse shape is characterized by the presence
of zeros in the overall model for speech prodaction. ‘

. Thus quality speech synthésis requires ‘the determination of all

the above pardmeters accurately and this renders real-time implementatidn

of speech synthesis and transmission practically unfeasible.. In the

proposed method that uses the Fast Fourier Transform algoriihm, all the

important parameters are determined as spectral peaks'ih~predetermined_

frequency bands. Such a technique obviates the need for separéte deter-

mination of the‘pitgh.period, vocai tract resonances, glottal zeros
and the voiced-unvoiced decision.

The determination of the frequency bghds is based on thecfollowing,-

reasons:

* 1
% : ) . . g
1. The pitch frequency is usually in the range 50-200 Hz.

‘Hence a spectrél peak in this range indicates the
fundamental component of pifch excitation.

2. The vocal tract resonances occur in the range of
200-600 Hz., 600-2400 Hz and"2400-3300 ‘Hz.

3. The glottal pulg; shape is accounted for by the inclusion |
of additionallé?nd; in the 2¢0-80b Hz to account for harmonica
in the e-axcitat:[bn sources:

Ly
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b
4. For the reasons mentioned above in (3), voiced-unvoiced -

decision is not needed.
Based on the above reasoning, a typical arrangement of the bands

18 shown in Table 4.

TABLE 4
.
BAND | FREQUENCY RANGE Hz
1 50 - 100
2 101 ~ 200
3 ' 201 - 400
1 s 401 - 800
sl 801 - 1600
6 1601 - 3200

T~

Speech Signal Frequency Spectrum Divided Into 6 Bands

~

LT For The FFT Madel ,

" Since a high computational speed is the main objective, the bands

wete kept fixed for the analysis of coanected speech.

L%

The speech signal frequency spectrum is divided into bands in a

similar manner to those used in the calculation of the articulation
index{38], except that in the latter case 20 bands are used. In both

cases the bands are placed in the frequency range where the ear is the

most sensitive. The articulation index is a measure of the quality

of synthesized speech, and hence a larger number of hands are necessary.

Howgver, in speech synthesis, the number of bands can be- reduced, while
1 .

SN

V)
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still maintaining good quality reconstruction. oo

In this technique a short time Spectrum of a segment of speech is
*obtained by the use of FFT algorithm. The resulting spectrum is !
scanned for peaks 1inp predetermined bands. The amplitude and the frequency
at which the peak occurs, form rhe parameters of the model for speech
production. This procedure is illustrated in Figure 34.

The following analysis describes the derivation of the FFT model.

Let Sn’ n=0,1, ..., N~1 be rhe sequence cbrresponding to a

segment of speech. The short-time discrete,frequency spectrum of the

¢ )
speech sequence isigiven by,

‘. M-1 _. | o :
S(ka),= J  s(a1) oIk : 4.1)
4y : n=0 Co

where k=0,1, ...., M-1

2T
i M
T = sampling interval
and Sn = 0, ﬁ 2 M

The frequency spectrum may be cbtained efficiently on a digftal
computer by the use of FFT algorithm. Typically T is 10_4 seconds and
M = 2048. For these values a resolution in the frequency spectrum of

about 5 Hz is obtained. The parameters F& and Aj are given by

Aj_=' S (k) . | ) , (4.2)

where k is found from Max([S(kﬂ)f]
: k

-aed Hjﬂ < kil < Mj+lﬂ , i=1 2, ....,p .
alsg~ Hjﬂ and Hj_lﬂ are the end frequencies of the jth band.
3.
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FIGURE 34 - FFT Model For Speech: Analysis
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- f N

Fo=00 , §=1,2, .....p ' C4h.3)

j 3 3 - » » P )

where " Ej is the value of k at which the peak occurs.
. ¢

The real .and imaginary parts of Aj are given by

Re[Aj]‘= Re[s(zj)] o d=1,.2, .o, p

(4.4)
Im{Aj] = Im[S(Ej)] ‘

Once the parameters A, and Fj are determined, the reconstructed

h]

speech is obtained as

. R : | >
Sn = jzl 'Re(Aj) . cos(FjJnT) + jzl Im(Fj) sin(anT) (4.5)

The reconstruction scheme is 1llustrated in Figure 35.

4.2. Digital Iﬁ'xplementation~

The length of the speech sequence is typically 256, and the number
of points in the FFT computation is 2048. With a sampling frequency of

10 kHz, the resolution in the frequency spectrum

1 ) , . .
Af = NT 5 Hz. _ | €4.6)

-

uhe;e N = 2048 (number of points in FFT’chputétioﬂ)
T = 10_4 sec. (sampling#intervali
If the.spectrum is divided into 6 bands foé the peak picking\ﬁlgorithm,
the band structure shown in Table 4 could be usged.
The-reconstruction of speech is achieved by the use of inverse
FFT algorithor, An/ improvement in the reconstructed Bpeech‘is poésible
by passing the signal through a digital. filter whose input-output

relationship is given by

-~ . -~ ~ i .
¥y = (s + 4s +s_ )/ 6. _ IS

(%
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FIGURE 35 - FFT Model For Speech Synthesis
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' Computationally, the derivation of the parameters of this model
. is simple and very efficient. With software implementation, the use
of Markels[33] FFT algorithm with pruning wi1} decreage the computa-

tional time. The computational time can be made extremely small with

+

-

use of FFT hardware.pressures. Typically, the HP Fourier Analyzer{4l]
- takes 10 msec. to cowmpute an FFT of 4096 samples. With hardware FFT
Processors real time qperatlon is feasible. ?
The advantages of this model in speech synthesis are,
1. Very high coméutaiional speeds .
2. Sinqs\the model derivationggs performéd in the frequency domain,
< probl;;g of stability of thé ;odel do not arise.

3. The poles and zeros” of the speech production process are

-

included in this scheme.
4. No error accumulation results, owing to the manner in which the
. .- -

Teconstruction is performed.

4.3. Technigues For Improving Speech Quality “

4

The speech quality can be improved by a proper selection of the
number of bands and the band frequencies. For Speech synthesis the
frequency range 0 to 3 kHz is adequate and only a marginal improvement
‘ is obtained by increasing the upper limit. Also, there is very little
format in the 0-100 Hz band. This band could be éliminated and
assignefl to a different frequency. Typically, if the frequency spectrum (::5;\q

is divided into 12 bands mich bekter results can be obtained. For this -

case, the band frequencies could be, ag shown in Table 5.
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TABLE 5
‘ BAND | FREQUENCY RANGE Hz
1 50 -~ 150
2 151 - :259 . .
3 - 251 - 350
4 351 ~. 450
5 . 451 - 550 \
) 6 551 - 750 N
\ ‘ 7 751 - 950
| 8 | 951 ~ 1150
‘ 9 . 1151 - 1550
10 1551 - 1950
n | 1951 - 2350 ’
12 2351 - 3150 “

Speech Signal Frequency Spectrum Divided

Into 12 Bands For The FFT Model

With the 12 bands, there are now more bands situated at around

1000 Hz because the ear is most sensitive at ‘this frequency. Also, of

the three formants, the first formant' carries the most signal energy.

For most speech sounds,. the firgt fofhant will lie between about 200 and

800 Hz, /

A further improvement in the speech quality is possiEle using the
same 12 bands, but to sgan the real and imaginary parts of the FFT

separately, for the selection of the peaks and the frequencies.
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4.4, FFT Model Coding

For high quality speech transmission the results of the FFT mode’
can further be improved by using a 1 bit coding scheme. The propor.d

coding scheme is shown in Figure 36.

w

MODEL

-4

oe

QpAﬁT{?ﬁK ————

R

FIGURE 36 - 1-Bit Coding Scheme Using-The FFT Model

I; the coding scheme shown in Figdrg 36, tﬁe estimate of the speech
siénal gn is compared to the actual value Sn' The error signal e =
Sn - gn is quantized, using a variable héight 2 level quantizer. The
quantized exror gn would then be transmitted at the signal sampling rate
(10 kHz or may be as low as 6 kHz for speech signals) together with the.
FFT wodel parameters. The quantizer is operating in the open loop mode
and hence, optimization of the quantizer level is pesnad.bleé ‘The optimum
quantizer level is given by

»
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- (4-8)

where Sn 1s the actual value of the speech sample
"
Sn is the estimate of the speech sample
N 1s the length of the optimization interval (256 samples).

The FFT coding scheme couldiwork in real time allowing for an
“
initial delay of 25.6 msec. This delay 1is not seriou;,at all, since
éome existing telephone lines exhibfk\a'delay of as much as 100 msec.
The implementation oflthe coding scheme would be fairly straightforward

and allowing a sizeable béndwidtﬁ compression. The bit rate requirements

for the FFT model Aare discussed in the following section.

4.5. Bit Rate Requirements
With the 6-band model the bit rate for speech synthesis and coding

is of the order of 7000 bits/sec! and 17000 bits/sec. respectively.

If higher quality speech is required the number of frequency bands can

be increaged until the desired quality is achieved. It is unlikely
that more than 12 bands would be required for. normal speech qualicy

transmission.

4.5.1. FF% Model-Speéach Synthesis : . ' ™
(a) 6 bands - Model adjusted every 25 msec.
o : )

v Number of ﬁarameterg per model = 3 x 6

Number oﬁ;bits'per parameter . =10 )
+«= Total bit rate : =3 x6x 10 x 40

/f = 7200 bits/sec. -
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1

NOTE: - There are 6 bands, and in_each band we require the following

inf;rmation.

(1) Re[Aj} o -
] : )
(i1) Im[Aj] _ ‘ -

(111) Position of the peak in each band,'f,j

(b)  12-bands - Model adjusted every 25 msec,
Number of parameters Per model = 3 x‘lé
Number of bits Per parameter = ]g
- Total bit rate =3 x 12°x 10 x 40

an

= 14,400 bits/sec.

4.5.41. FF? Hode;—Coding
(a) 6 bands - Hodel adjusted every 25 msec.
10 .kHz sampling rate,
Number of parameters Per model = 3 x ¢
Number ‘of bits Per parameters = 1Q
Number oflbits for the error signal ; 10,000
Total bit rate - = 10,000+ 3x 6 x 10 x 40
= 17,200 bits/gec. |

(b) .12 bands - Model adjusteg every 25 mgec.

Ib kHz sampli;ghrate}

Number of Parameters per model = 3 y 17

Number of bitg per model = 10
Number of bitg for the error signal = 10,000
Tatal bit rate = 10,000 + 3 x 12 x 10 x 49

= 24,400 bits/sec.
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The bit rate requi;ement_coﬁpares favourably with other recently ~
reported schemes[dZ].}iHowever, in the proposed scheme, the real advanf
tage lies in-its speed-and also a stable model is guaranteed under all
conditions.. The handwidth compression with the proposed coding scheme
is of the order of 3:1 at ; 10 kHz sampling rate. For equivalent PCM,
the bit rate would be of the order gf 80,000 bits/sec. (10 kHz sampling’
rate, and 8 bits per sample). The bit rate requirement can be_decreased

1f the sampling frequency were reduced to 6 kHz.

4.6, Siﬁulation Results

The ‘results of_the FFT model for speech synthesis are shown in
Figures 37 and 38. Figure 37 shows the reconstructed waveforms for the
words ."NOON", "DAY", "SLEEPY" and "HOW ARE YOU", using the 6 band
" structure. The results for the 12 band synthesis scheme are shown 1in

Figgre 38. -
The results of the FFT model when used in conjunction with a 1 bit
open-loop coding scheme, are shown in Figuresf;; and 40, using the 6 and -
the 12 bands respectively. The reconstructed speech waveform 15 of a
very good quélity, as can be sgeen by comparing the results of Figures
37 to 40 with those of the original waveforms shown in Figure 19, b

~\§omputationally the proposed method for speech synthesis and coding is

N
very efficient and of a high quality.

4.7, Sumnmxy

A néw fast and accurate technique for speech synthesis and coding ; ;
has been deriﬁed. Hitﬁ the present hardware FFT processors, real time
Operatién is feaslble, with a ba%dwi h compression of about 3:1. The

bit rate requirement for the proposed coding scheme is of the same order

) - | s



FIGURE 37 (a) = FFT Model Speech Synthesis. Using.

6 Bands - "NOON"
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' FIGURE 37 (d) - FFT Model Speech Synthesis Using
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6 Bands - "HOW ARE YOU"



e 129,

Y
win

—_—



S S ‘ 130.

. . r) “ -

FIGURE 38 (b)'~ FFT Model Speech Synthesis Using 12 Bands 0 "DAY"
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FFT Model Speech Synthesis Using 12 Bands - "HOW ARE Yoy
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' FIGURE 39(a) - FFT Model Speech Coding Using 6 Bands — "NOON"
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FIGURE 40 (a)

= FFT Model Speech Codiug Using 12 Bands « "NOON",
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as that reported by Flanagan et al [42].

The use of spectral 1nformation.ié shown to resu}t in a stable
model. This is not always the case, with some time domain techniques.
Also, by the manner in which @peech is rect!mstnicted’, quantization
effects have been eliminated. By a proper selection of the number and

the frequencies of the bands it has been shown that high quality speech

can be synthesized.

[}

The bandwidl:h of the peaks in the speech signal spectrum could be
fixed or alternatively, they could be found by locating the half
.power frequenciés around the peaks. Both of these techniques were

" tried with hardly any improvemdnt in the recons tructed speech signal.



CHAPTER V¥

MINI-COMPUTER IMPLEMENTATION OF SPEECH

SYNTHESIS AND CODING
il

.
(]

‘The recordieg-procedure and the implementation of the speech synthe-
sis and coding schemes on the Digital Equipment Corporation PDP- -8/1
computer are described in this chapter. Because of its 1imited memory, -
all of the software was written in assembler language with overlaying

\
of programmes . The minimum equipment required to operate the software

18, an A/D and D/A converter, 4k word memory and one 32k word digk.

.~ The addition of an extra 4k word memory will allow a data scan routine

to be incorporated for displaying the sampled data.

3.1. Recording of Spoken Material

‘The .recording of the speech data was E?de in an anechoic chamber
using an AKG model D224E dynamic microphone held in a desk top stand.
The output of the microphone was recorded on one track of a Crown model

S x 800 four track tape recorder, operating_at a speed ‘of % inches per

'second (maximum speed of the particular machine) The tape recorder was

placed outside the anechoic chamber to minimize background noise. The
recordings were made on Scotch 202 magnetic tape, which was tbeﬁrecommended
tapé'foc-thebparticular machine. : ./ ﬁr

The speaker used for che recording, was a male 1in his late forties
having a distinect English accent. The recording material consisted of
a number ofphnnemes and Five sentences. The material to be recorded eas
read twice in order to obtain the most natural recording. No indication

~ i . v
was given to.the speaker as to which of the spoken material was tg be used,

/
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5.2. A/D Conversion

The A/D converter used, was'the Digital Equipment Corporation (DEC),
Laboratory Peripheral AX08, which converts a continuous signal into a

Sequence of 9-bit binary numbers. The speech was passed through a low

pass filter (with the -3db point at 4k Hz.), and sampled’ at a rate of

~

10,000 samples per second. The sampling frequency was above the Nyquist

'rate, virtually eliminating any foldover, since the attenuation of the

low pass filter was 40dhb outside the pass baqd.rtThe ijjoratory computing
facility is shown in Figure 41.

3-3. Software Package Eor Speech Synthesis

At the beginaing of this work, the PDP-8/1 computer had a 4k word

core memory and one 32k word disk. An additionai 4k word core memory was

" added at a later date, after most of the software had been written. The

- disk was used extensively for storing the original and the reconstructed

oy
speech samples. For the 10k Hz sampling rate, ‘the maximum duration of

connected speech that could be stored on the disk is 1.6 seconds. The 4k
word core memory was used for processing the sata and for any trassfer
between the core and the disk. Due to the limited memory of the PDP~8/I
the software package was made modular to permit overlaying of .Programues.

The complete software package consists of three programmes '

PART 1
‘ ) OVERLAY 1

N ’owmuz
To change from speech synthesis to speech coding, requires only suﬁstitu—

- ! 4

ting one programme, OVERLAY 1. The other programmes PART 1 and OVERLAY 2

P
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are common to all schemes.
3.34.PART 1

The first programme, called PART L, ﬁerforms the sampling, displéy
of sampled data on the oscilloscope and provides an audio output of the
sampled speech signal. After the samélihg,procéss is complete and the
lspeeﬁh sample has been stored on the disk, .the programme will examine
the stored data for A/D converter overflgé. This can arise if the
sampled éignal exceeds 1.02'volFs in amplitude. If an overflow has
‘occured, the sampled signal will se folde@ back at the position ofﬁthe
ovérflow with a sign change, resulting in a distorted signal being étored.
For maximum accuracy in the sampling proéess, the full range of the A/D
converter‘should be used, without causing overflow. There is also a
data scan option, which requires an additional 4k werd memory. Howeﬁer,
if the data scan option is not requested, all of the software will
operate using the 4k word memory and the 32k word disk The data scan 1is
useful for checking the signal for any irregularities in the sampléd'
waGéfbrm. A flow chart describing the operation -of the PART 1 software
is shown in Figure 42.

Tﬁe correct response to the questions, sample data, examine data,
scan data ‘and listen to‘data, are Y-YES, N-NO, and Q-QUIT. Once the
teletype has accepted a Q as_the Tesponse, the second programme OVERLAY 1
will be read in under programme control. The number of blocks must be a
2 digit number which refers to the number of lk octal blocks to be
sampled. This can be any number from 01 to 40, the upper 1imit correg-

ponds to filling up one half of the disk compl ly with épeech samples.

\
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DISPLAY
SECTION

LISTEN

SECTION

SCAN
SECTION

-

LISTEN: - B{t 10 = 1 Repeated Listen.
' 0 = 1 Stops Listen

EXAMINE: - B4t 11 =1 Stops Display :

SCAN: ' - Bits 6 to 11 Control Scanning Speed
0 = 1 Stops Scan '

FIGURE 42 _Flow Chart be'sc_ribing Operation of Programme — Part 1

v
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Programme control is initiated either from the te etype or from the
=5 = , A

computer panel switch register. The switch regifter bit settings

required to control the programme “are shown Figure 42,

5.3.ii. OVERLAY 1

When the teletpye has ac pted a Q as’a valid response in PART 1,

the second programme will e read in the OVERLAY 1. After this

programme has been read i

4

in the high speed reader and\the continue switch depressed. OVERLAY 1}

- the floating point package should be placed

performs the evaluation of the edictor parameters and the reconstruc-—

tion of the speech signal. Thé eYaluation of the predictér parameters” is
carried out using Gaussian eliminatiion with maximm pivot strategy.

The two responses required in this, /programme are,

# OF EQUATIONS =

ANALYSI® INTERVAL =

I
1Y

For the first respomse, the number of equations must be a_2 &igit oétal
number which can be from 0l to 16. The analyéis interval must be a 3
digit octal number less than 156. Thése limits were imposed by the
initial 4k word mémory. The flow chart of OVERLAY 1 is shown in

Figure 43 for speech synthesis by linear prediction using the initial

conditions wode].

5.3.111. OVERLAY 2

OVERLAY 2 performs the display on the ostilloscopé and also provides
an audio output of the original and the reconstructed speech waveforms.

" In the display section; it is possible to select any. 1k block of data,

either from the original or the reconstructed speech signal. ' Here also,




( START }

#§ OF
EQNS.

]
o)

ANALYSIS
INTERVAL =

K=f OF BLOCKS
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.

~~the data scan can be selected providing an 8k word memory is available.

n :
Anofﬂer feature which was added was that of scaling the reconstructed

data to prevent possible overflow of the 9 bit D/A converter. The
scaling doe; not alter the actuak:geconsﬁructed speech scmple that is
stored on the disk. The scaliogﬁis carried out prior to Jloading the D/A
converter buffer: The flow chart of OVERLAY 2 is shown in Figure 44,
When the teletype accepts Q as a valid response, the progranmme will

~

evaluate the signal to noise ratio of the reconstruction. This quantity

is given by, k
2
Is, .
S/N = L — ,‘ i)
I (S - 5,)2 '
o

where S is the original speech signal

m
S is the reconstructed speech signal

and o i lsommed over all the speech somples.

dfter the signal to noise ratio has been evaluated and typed out on
the teletype, the programme can elther terminate or reset certain loca-
tions so that PART llcan be read in again and tﬁe'whole o;gration

repeated on the sane speech.samplé but using d{fferent parameters.

5.4. Implementation and Resultg

This section describes the speech synthesis and coding schemes as
implemented on the PDP-8/I computer.

5.4.1. Initial Condition Model

The linear predictor speech synthesis, using the initial condition

model, namely 5
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=™~ .
’ u
1% 5
" . .
= 5.2
S, = s, _ | (5.2)
v
5 =385
p p
: is given by \\;HJ
- p
N n
Sn = Z a, sn—k P+l<ng<N (5.3)
) k:l X -
where Sn is the orlginal speech oample
Y B . e ) P
Sn is the predicted speech sample ' o
- , .
a, are the predicto; parameters )
and N is the number of samples over which the model 13 evaluated.

The analysis interval was kept constant throughout the simulation
and at the beginning of each interval;’the predictor was ne-initialized.

The remaining samples are evaluated recursively using equation (5.3).

Figure 45 shows the orig{&al waveform for the senténgi\ "WE WERE AWAY A

»

YEAR AGO". The results of the initial conditions model for the same

Sentence are shown in Figure 46,

.

5-4.11. Coding of Speech Signals . ) o :| . .
In this section the implementation of coding using the differential

pulse code modulation scheme are shown for two caseg. In the firsr case,

the quantizer level ig kept fixed- throughout the simulation, vherg.as in

the second case, rhe quantizer level is evaluated according to the follow-

ing criterion,
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N b ) .
1 ‘
Q= N ) : Sn - z A Sn—k \f\\\\‘\“ (5.4)
‘n=] k=1 o
‘Wwhere S. is.the orfgin&i speech sample

ak are the predicksr parameters k = 1, 2, ..., p

" and N is. the number ofLsamples over which Q is kept constant.

5.4. 11(32 DPCM—Fixed Quanc{zer Height

In this simulation, tﬁg”number of gquantizer levels and the step
size was controlled from the keyboard. .Although, the aim was to use
a 2 level'quantieer, the software was modified to include multi 1evelsl
_ for maxinum flexibility
Two additional responses are required to those described in section
'5.3.14, namely
# OF QUANTIZER LEVELS =

> QUANTIZER HEIGHT =

™

Tﬂe number of euantizef levels must be a single digit number from
1 to 7, and represents the number of positive levels. Thus if the
- response were 2, the number of actual levels would be 4, half of which
are pesitive_and the otHer half negative. The quantizer height must be
a2 digit octal number and be from 01 to 77.
’ The results of the two level, fixed step size quantizer scheme are

shown in Figure 47 for the sentence, "WE WERE AWAY A YEAR AGO"

5.4.i1(b) DPCM Variable Quantizer Height

¥

In this scheme the differential pulse code modulation was used
with a 2 level variable height quantizer. This programme only requires

the number of predickor parameters and the analysis interval to be

el
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300 - 600 msec,

900 - 1200 msec:

- FIGURE 47

DPCM Fixed Quantizer Height Reconstruction

’ of the Sentence -

"WE WERE AWAY A YEAR AGO"



to be able to produce connected speech.
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. supplied via~§he keyboard of the teletype. The results of this simula-

" tion are shown in.Figure 48, for the sentence, "WE WERE AWAY A YEAR AGO".

5 5 Phoneme Synthesis

- It is conceivable that allithe speech could be Built up using basic

sounds, called phonemes;s These basic sounds would be connected together

‘in a certain order to produce the required word or sentence. In the

-~

English language there are 45 phonemes chat are recognized by the
International- Phonetic Alphabet (IPA). Thus, 1t would seem, that, for
the purpose of speech synthesls, all that is required,ere the 45 phonemes
Thé use of phonemes asg building blocks for speech is somewhat more

complicated than indicated above. Words and sentences card be made up

from distinct phonemes, howener, the resulting speech will often sound

unnatural. The duration of the same phOneme will be different depend-

L

ing upon the actual position in a word, and also the.position where the

. 8tress. occurs. Most phoneme synthesis schemes lack the transient

nature of adjacent ‘phonemes, which 1is important for high quality sneeCh
Syntheeis.‘

Even with the above mentioned limitatfons, it is still possible to
obtain intelligent speech using phoneme synthesis Phoneme syatliesis
does offer a tremendous saving in storage. over straight PCM For the

v

word "NOON", which 1s approxiamtely 0.35 seconds. in duration, PCM

would require 3500 samples to be stored (assuming a 10 kHz samfling

rate). For PCM, the numﬁ%F of bits required to store the data =
b4

3500 x 8 = 28,000.

“

=
-
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The same word when synthesized using phonemes, would require
2(p x n + ny tn, + n3) bits
where p is the number of predimtor parameters (= 12)
n " is the_nmmber of bits for each phoneme - (10)
ny mf the number of bit;—representing the phoneme pitch period
n, is the amplitude of the excitation
.and ng is the duration of each phoneme
the 2 represents 2 phonemes in mhe word "NOON".
"« # of bits = 2(12 x 10 +8 + 8 + 4)
= 280 bits.
In this example, the saving would be of the order of 100 times over
straight PCM. - ) X
The words "NOON" and "HOW ARE YOU", were synthesized using phomeme
synthééis. “ The predictor parameters, the pitch period and the excitation
were obtained from an actual speech sample. Figures 49 and 50 show the
phonemes synthesis of the words "NOON", and "HOW ARE YOU©, respectively.
The synmhesis procedure is identical to that described in Chapter II
using thteinéh; predictor with triamgular excl Fion, except that the

same model is kept fot the duration ‘of each phoneme.

5.6. Summgry ) : A
. The rapid décay of thé\reconséructed signal-which wés observed on
the IBM- 360/65 computer was even more’ severepn ‘the PDP-8/I, This shows
that great tare must be exercized when implementing speech synthesis
and coding schemes on a machine such as the PDP-B/I. With some of the

coding schemes, it was possible to kgep the same model for two or three
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pitch periods when using the IBM 360/65 computer, without running into ~
stabillty problems This could not be achieved on the PDP-8/I, since '
any extrapolation of the predictor model invariably resulted in instabil-
ities in the reconstructed speech signal. | 4 ’
I 1

T4 The results of the initial conditions model show the rapid decay

of the reconstructed speech signal. The coding schemes are able to
follow the variations in the speech signal due to the constant correction

that is applied at each sampling interval. In all three cases, there
were no real signs of instabilities in the reconstructed speech signal.
The results of the 'speech synthesis and coding schemes described in this

chapter were recorded on magnetic'tape to provide an audio output.



¥ ' CHAPTER VI - - -

CONCLUSTONS o
The major conclusions and congtributions of the research described
in this dissertation may be summarized as follows.

6.1. Linear Predictor

1. Ir has been sﬁown that by rhe proper use of i ial conditions, the
need to include zeros in the discrere model and e need to deter-
mine the narure'of excitation were eliminated. This procedure
has been shown to yield results comparable to the results obtainable
from modelé/;hat incorporate both poles and zeros as well as those
that used special excitation functions. .

2. ﬂThe linear predictor when realized in the parallel or closed form has
been shown to result in a significant improvement in the quality of
reconstructed speech Thfﬂ:kgnclusions has been arrived atr after
subjectivg Ystening tests that are not readily expressible in
qumericq£ terms.

3. By an algorithm that incorporates adaptive adjuétment of system
order, it has been shown that a stable model is always realized

G
6. 2 Coding of Speech Signals

l. It has been shown rhat the determination of optimum quantizer levels
in differential pulse code modulation schemes is not feasible in
practice, as there erists no efficient algorithm for derermination
of the'gxobal minimum. ’

2. A new coding scheme that combines the advantages of DPCM and the open

| loop cgh ng schemes that yeields consistently superior results over
W) .
the curg%

tly used techniques has been developed. A criterion for

detérmining the quantizer level 1in the primary coding scheme, has

162
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been shown to eliminate the need for determining optimim quantizer

levels. With this scheme a bit rate of about 25,000 bits/sec th

’ results in an articulation index of 0.65 for isolated words has

been realized.

6.3. Speech Synthesis and Coding by Use of an FFT Model

1. A conceptually new model that utilizes the FFT algorithm has been
developed for speech synthesis. .
2. It has been shown that a8 spectral shaping technique, using FFT

algorithm 1in conjunction with a peak-picking algorithm, yields

a model that is superior to the linear predictor.

3. It has also been shown that, with the high computatioffal speeds
attainable by the use of FFT algorithm, efficient coding schemes,
superior in performance to the DPCM scheme are re lizable.. A
bit rate of 24,400 bits/sec with an artiéulation ndex of 0.7

for isolated words has been realized.
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