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ADAPTIVE. TRANSPORM CODING OF SPEECH
) - by
Davigd G. Sloan

This thesis investigates adaptive d:lucr_cte transform (coding 1
of speech signals. The thesis addresses the problem of adaptive
quantization of the transform co&ffic’ie:xtc. An all-pole ’éstinate
of the nig;;nl energy spectrum results in a quantization -trateg'y
which outperforms previously reported techniques, Additional
perceptual uprwuénts are obtained by pre-emphasizing the input
-im; to better repgoduce high frequency fomn\u and by |
windowing the input to reduce block boundary discontinuities.
Results from computer simulations of this coding technique are
presented. At 16 kb/sec the proposed scheme yiéldl hi‘gh quality
speech. At the rate'gf‘9.6 kb/sec, the coded speech is completely

intelligible but contains Ia slight warbling sound.
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CODAGE ADAPTIF DE LA VOIX PAR r_u__usron&i_g_ '

par 2
David G. Sloan

Cette thise traite du codage adaptif des signaux de parole et
utilise une méthode de transfornées discrites. La thiie $tudie le
probl¥me de la quantification adaptive deg_coefficientu de la trans-
formée. Un moddle sutorégressif du spectre d'énergie du signal permet
d'élaborer une -tfctigie de quantification qui surpasse les iochniqucl
décrié;t jusqu'alors. On obtient une amélioration perceptuelle
additighnglle en pri-accentu;nt leisignal d'entrée, ce qui permet une

reproducéion plus fidéle des formants hautes fréquences, et en affactpunt

une pondération du signal d'entrée pour réduire les discontinuités entre

"les frontidres des blocs. On présente les résultats de cette technique

de codage, obtenus par simulation sur ordinateur. La méthode proposée
fournit un signal vocal de haute qualit& pour un taux de transmission de
16 kb/sec. Au taux de transmission de 9.6.kb/sec, le signal de parole

codé est totalement intelligible mais présente une légdre sonorité

gazouillante.
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I Introduction * {
~

*

v \ v N
In recent years 1pcrou1&x emphasis has been placed on the digictal

encoding of analogue signals. In this study, we examine one lttdtngy

for the efficient digital encoding of speech signals. !fficioncyr in

this context, denotes striving for high quality signal reproduction at

§
!

i L v
}W the coding scheme to achieve the best speech quality for s given

lov transmission rates. Our objective is to optimize the parameters of

4 transmission rate.

!

} ' Transmission rate and coder design determine the fidelity of the signal

uprgduced at the receiver. Incressing the transmission rate improves

B L T L S

the sccuracy of the signal representation lnd‘thns implies & higher

fidelity received signal. Alternatively, for a fixed transamission rate,

T S,

improved fidelity can be obtained by using a coding scheme which r-%vn

o e

signal redundancies before transmission. The coding efficiency 1\:
sustained by transmitting only Ithe important signal attributes.

) t To achieve high fidelity at low transmission rates, it is often necessary
to increase the complexity of the coder so it ‘can better exploit the
signal characteristics. Greater co-plexityﬂuuully implies higher cost.
Consequently, for a given fidelity requirement, there are tradeoffs

. }
betw&n coder complexity, transaission rle‘, and cost.
¥

The goal of decreasing communication costs hu'-otiva'tcd the current

4

fnterest in digital trausmission. Advances in digital circuit techmology

. have been accompanied by dramastically decreasifg costs., Llarge scale

oo
x
4
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*
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integration ‘techniques are applicable to the development of coders.

I . " Thus the investigation og even éelatively co‘plex coding schemes may give
. rises to practical and economic coders in the future.
5, . X .

The trarnsmission of cignalu’in a digital format has several advantages.

, A digital format facilitates signal transformation and digital signals
can be reéhived and retransaitted without loss of signal Juility. In
addition, some con-unicaiion networks (notably the telephone network) are

moving toward digital switching and control ofﬁiiinnls in the network.

Digital encoding is also useful in several special applications. One

il communication security (e.g. in poiice and military systems). The -
. digital format allows for easy encryption of secure messages. Another
application. 1s to the reduction of storage requirements in message
Q\k . store-and-forward syst;ns, in which voice messages are stored digitaily

for later retrieval. As the size of the system (number of users, number

of messages) grownf memory demands incresse. éoding before storage

rgQuces nemory requirements.

" i 5
Trdaditionally, speech coders have been divided into two distinct

&
families: waveforms coders and vocoders (a concatenation of the words

voice coders). Waveform coders trv\to appro*imate the input waveform.
Thef are generally designed without reference to a specific speeéh
3encratio£.node1. Fof speech inpuia, wav;;orn coders tend t: be robust,
in thg sense that there is little degradation in performance due to

: ' varying speaker characteristics and background noise. Waveform coders

‘:’ ’ can operate in either the time or frequency domain. The PCM fadily [1]
W . ~ ~ LY !
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. achiev;?Ath waveform coding. "Linear predictive coding [3] is an

»

exemplifies time domain waveform coding. Sub-band coding [2] 1s an

axample of frequency domain waveform coding.

Vocoders, on the other hand, attempt to model speech production. They
parameterize the signal according to this model and transmit only t;\c
parameters. In general, vocoder perfog:uncc is more sensitive to cpukbr
variations and background noise. In addition, the dccod;d speech often
has a unnatural or cynéstctic quality. Vocoders, howsver, can'tra‘uuit

intelligible speech at a much smaller trnming:: rate than can be

*

examplé of a time domain vocoder.: It models the vocal tract as a.tiu

. )
varying linear filter excited by either a periodic source (for voiced

7,

sounids) or a noise source (for fricatives and unvoiced stops). The model

requires that physical attributes such as pitch and voiced/unvoiced

decisions b'e extracted from the signal. The formant vocoder is an

example of a frequency domain vocoder. It transmits spsech sounds by

H

sending formant frequenciu and bandwidths.

- *
“

: &
The approach taken in this study lies between pure waveform coding an&
hd o
pure vocoding. The coding scheme, known as transform coding, encodes a”

transformation of the speech signal. The adaptive form of the scheme
. 4
includes some speech-specific modelling to achieve better performance.

The purpose of this investigation is to examine various transform coding
strategies for speech communication. Our starting point is a technique

recently reported by Zelinski and Noll [4]. Ve examine their basic

scheme with the aim of increasing the quality of coded speech at low bit

' v
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retes. We consider a single tunctongtion, the discrete cosine
q‘ ' R ! ~
k‘) transform, and concentraté on improving quantization /te/chnﬁues.

Transmission issues such as channel errors are t considered.

This study addresses the problem of adaptive quantization of the

tu\u'fori coefficiéﬂts. In adapfive quantization schemes extra
1‘ntomtiou. termed side information, must be co-micnt‘ed to the
receiver for propers signal reconstruction. A side information strategy
which represents th; spectral envelope by an a‘ll-pole model outperforas
‘previously reported techniques. At!ditional perceptual improvements are

obtained by pre-enphasizﬁtg the input signal to better reproduce high

frequency formants and by windowing the input to reduce ‘block boundary

5 discontinuities. At 16 kb/sec this coding scheme yiel@ls high quality -

speech, At 9.6 kb/sec, the coder speechia completely intelligible but

contains a slight warbling sound.

Early work in transform coding was done.by Campanella and Robinson {5],
who cd’hpareq the performance of several transformations for speech
coding. Wintz (6] considered transform coding for pictures by

investigating the chofice of transformation and quantization strategy.
v

Recently, several papers have ;ppeared on trnnnl}or- coding of speech {7],
[8]. There is a review in [9] of a variety og speech ;:odiﬁ"g techniques,
1nc1m}1ng transform coding, and a comparison of-waveform coders and

vocoders.

4

This report is organized into five chapters. Following the introduction,

two chapters deal with the theory of 'tunlfor- coding. Chapter II

o , describes the basic structure of a transform coder .and discusses the
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I1 Theory of Transform Coding

IS ®

-

In this section we discuss the fundamentals of transform coding (TC). ’
[

After describing the basic structure of a transform coder, we motivate

the choice of the discrete cdsine transform (DCT) and present a vector
~ - - %C‘f
quantizaetion strategy. '

2.1 Basic Structure , .
- Y‘\ . .

The basic structure of a transform coder is shown in Figure 2.1. At the

P
transmitter an am;tlogue signal 1s digitized by sampling above its Nyquist

rate, The input _signal is assumed bandlimited to a frequency range
{0, Fm],\g‘that sampling at or above the Nyquist rate, 2 Fnpax,
18 a lossless o‘peration. The samples are buffered and grouped into
blocks of Iength N. Denote one ‘such block by X. The vector "5 is

transformed into a new vector Y, also of length N. The transformation is

linear, and can be represented by the matrix equation

-~ ?

A quantizer Q operates on Y yielding Y. The quantized vector Y is then

transmifted across the channel to the receiver.
Y -

-

At the receiver the origipal signal 1s reconstituted. As a first step Y

"is inverse transformed to give X as an approximation to X. The samples

’

in X aré then buffered and passed through a .D/A conveyfeér to regenerate

*
-

an analogue signal. .

- ‘ﬂ“?'
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We proceed to specify the transformation and the quantizer.

2,2 Orthogonsl Transformation

The transformations of interest are orthogonal transformations; that is,

1f A is the matrix representing the transformation.

A=l = At

vhere superscript t signiftes complex conjugate transpose. Such
transformations are important for digital signal processing in general

[10].g For coding their utility is two-fold.

2
First, from a statistical viewpoint, TC can decorrelate the input

saiples; that i{s, the transform coefficients exhibit less correlation

that the original data. Decortelation facilities efficient quantization

.in the transform domain.

Second, TC can be advantageous in exploiting perceptual knowledge. It is
often the case that the transform coefficients have a frequency domain
interpretation, In the case of speech signals, much of the curremnt
perceptual theor:y~ is based on frequency domain parameters (formants,
pitch, etc). ‘TC can facilitste the understanding and the elimination

of perceptual dlutortions’resnlting from coding. &

P i o
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2.2.1 hthv.;ncn-l.o!ve Transformation

4

An axagple of an’ c;rthogoml transformation is the Karhunen-Lodve
transformation (KLT). The KLT is a data dependent transformation wvhose
basis vectors are the eigwtou of the autocorrelation matrix Ry

of the X process. The KLT diagonalizes the autocorrelation matrix of the

transformed vector Y. Thus the components of Y are uncorrelated.

The KLT 1{s "optimal” in a mean square error (MSE) sense. We digress

briefly to explain why MSE is an appropriate distortion measure for

speech coding,

Minimizing MSE is equ:fvale to maxinizing the signal-to—noise ratio .
(SNR)1, SMR can be used ffo rank the performance of coders. In

particular, modifications to a coding scheme which increase SNR usually
imply better perceived quality. For speech signals maximization of SNR
on a block by block basis (known as segmental or block SNR) is known to

@

be a good objective correlate of subjective preference [11], [12]. The
Y

SNR measure also makes the mathematical analysis more tractable.

The KLT is optimal in the sense of approximating Y bydiscarding some of
its components; that is, approximating Y by some Y' in a lmr\)
dimensional space. It can be shown that the MSE in representing X by Y'

-

(in place of Y) is simply the sum of the varisnces of \)he discarded

1 SNR 1s defined as the ratio of signal emergy to the energy in the

difference signal between the original and the coded waveforas.

% ot TR P ey B, A S0 TR
N v e~ or - . i
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transform coefficients. Therefore, if only the lowest variance
coefficients are thrown away, the’ approximation is the best (for fixed
i
dimension of the approximation) in a MSE sense.
A
The KLT has two disadvantages. First, the transform depends on Ry,

This 1is undesirable because we may not know Ry g priori and even 1if

. "wlPPf°lillt3 Ry by a long term average, the signal may be
1 4

non-stationary. In the latter case the transformation changes with time.
This brings up the second disadvantage. ‘The KLT is computationally
burdensome. Its calculation requires O(N2) operatiomsl.

?urtl}erlore, numerical solution of eigenvector problems is difficult in
€he sense that the solutions can become unstable. Thus we are motivated

*

to look for alternatives to the KLT,

L3

2,2.2 Discrete Cosine Transformation

One alternative to the KLT is the discrete cosine transformation (DCT).

The DCT approximates the KLT and is easier to implement. The DICT is

defined as
\
N-1
Y(k) = 2¢(k) | x(n)cos[v(2n+1)k/2¥] k = 0,1,...,N-1  (2.1)
N n=0 -

1 0(.) 1s a measure of the complexity of algorithms,

-
O0(N2) indicates complexity increasing as the square of N.

Ne—
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Another advantage of the DCT is that it has a frequency domain

@

vhere

c(k) = 1// 2 k=0
-1 k=1,2,...,N1
Eq. (2.1) the x(n), n=0,1,...,N-1 are the N components of X and Y(k),
k=0,1,...,N=1, the N components of Y. The inverse DCT (IDCT) is given
by :Mﬂ o
N-1 .
x() = [ c()¥(k)cos[r(2n+1)k/2§]  n = 0,1,...,N~1
k=0 \ ’
The DCT converges in mean-square to the KLT in the limit of la:ge blogk,::
length N for a first order stationary Harko@ autocorrelation nagrix [i;);

One study {4] has-examined several candidate tran:fornntioag for use .in

transform coding of speech and concluded that the DCT approximates well

the KLT's performance. E ) '

3
K [

To further justify the choice of the sub-optimal DCT ve appeal to. .. °
practical considerations. From (2.12$}é is obvious that éhe" o
form of the DCT is independent. of the signal 3tctist1cs.f Furtheruorei &
fast algorithms exist for both DCT and IDCT ( O(NlogyN) ope’z.”u‘qn- R

when calculated using a fast Fourier transform (FFT) algoritham). '

Appendix A presents an in-plgce version of this technique; "in-place” .

designating a procedure whereby the components of X are replaced by those

of Y with minimal auxiliary storage.

-

interpretation analogous to that of the discrete Fourier transform (DFT).

w——

The analysis is from [7]. Define

11
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u(n) = x(n) n=0,1,..,,N=1

'l

- O ne= n.ml.lolgzu-’l

' Consider the 2N point DFT of u(n)

7

] . ZN'].
Co Uk) = ] u(n)exp(~j(2x/2N)nk]
w " n=0
S =1
o = ] u(n)exp[-3(27/2N)nk]
. Ln-o
’ R N-1
* = exp[ikn/2N] ] , u(n)exp[-1(2%/2N) (2n+1)K]
. . n=0
LS S{"

Y(k) = ’u(zégkz exp [-Jkn/2N]U(k)}
: N

b

R - uug-kzl U(k) | cos [Arg{U(k) }=kx/2N]
: Fa gl G oFy R,

R [ 4

Al T8y {j

(2.2) -

A '.S’,“',”,q" -gd-inring eq. (2.2) with eq. (2.1) ¥(k) can be expressed as

& . . > % .
" It follows that the envelope of the DCT spectrum is that of the DFT -

?

modulated by the tera  cos[Arg{U(k)}-kn/2N] .

Moreoyer, the DCT

is. bounded by the DFT envelope. Thus the DCT will contain the same

perceptual information as the DFT spectrum (e.g. formant structure,

pitch striations).

12
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C‘i - We have presentéd the DCT as a good choice for the transform in TC. Ve

next examine the problem of efficient transmission of the Dg;fﬁ.
coefficients,

st
<

-

2¢3 'Quantization of Vector Sources

PR

- 1

Quantization is defined as the process of representing a continuous,

. " possibly infinite range of values by elements in a finite set. If

. the number of values in the set (usually referred to the number of

quantizer levels) is less than 2® ye can represent the variable by an

o~

m bit wqrd. As a,connéquencc of this representation we incur a
distortion Imowu .as quantization error. It is reasonable to require

minimum distortion for a fixed number of quantizer levels, -

Quantiutign of vector sources (block quantizatfon) is an extension of
2 .

the single Vntinble case. A vector of variables is to be suitably
rep;esentéd by a vector in some finite set. The design of such
quantizers 1s grutly simplified if the component variables can be
quantiuil: 1;\dependent1y without increased distortion. The following
“Fr'epreunts such a quantization scheme for jointly Gausssian random

variables (in vector form) where the distortion measure is MSE. The

, » results are drawn from [14], [15].

When the varisbles are Gaussian, the statistical iqg‘ependencc required
7 1 "

smong the vector components reduces to the uquirc‘imt that the

.

components be uncorrélated. Correlated random variables can be

(' transformed to uncorrelated ones by the KLT, KLT decorrelation of the
i S ’

“

.13

e
)
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vector components allows each single variable quantizer to be designed

independently [15]. It only remains to find the ninimun usz'single

variable quantizer for a given probability distribution.

3

-

The problem of designing minimum MSE quantizers w;a solved independently
by Lloyd and Max [16], [17]. Lloyd-Max quantizers are in general
non~uniform, i.e. the qﬁantizet output levels are not uniforaly spaced.
Moreover, the design of such quantizers usually involves iterative

techniques to solve the equations resulting from the minimum MSE

"formulation. .

Figure 2.2 illustrates the optimal quantiutién scheme. The matrix G
represents the KLT and H its inverse. Since G is orthogonal, H = Gt,
The quantizer Q consists of a separate Lloyd-Max quant.izer:s for each
transform coefficient. For reasons stated previously the DCT can replace

the KLT with only a small loss in performance.

With the quantizer structure specified, the one issue that remains is the

sssignment of the number of quantizer levels to each coefficients. This

problem, termed bit asssignment, is constrained by the total number of

bits per block B, A fraction of B bits is allocated to each coefficient

80 as to minimize MSE,

Given a bit rater, a unplfhg frequency fg, and a block size N, the

nusber of bits ‘per block is

B= Nt
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The parameter r spccffict the data rate over the transmission channel.

Thig is the physical constraint which determines B.

-~ -

The solution to the bit assignment problem is from [15]. Let (oi')zbe the

- variance of the i-th transform coefficients and let by be the (real .

ey
valued) number of bits assigned to i. Then
- 3 .
1 of >
b1 = B/N + X ogz—

i = 1,2,--0,“

Reference [15] also gives an optimal bit assignment technique when by .
)

are constrained to be integers. Let D(j) be the MSE resulting from the
Y

) quant.iution of a (Gaussian distributed) coefficient with a j bit

Lloyd-Max quantizer. The values D(j) are tabulated in [16]. The

technique 1is to calculate the marginal returns,

-

13 1,... (2.3)

P,, = 0%+ [D(}) - D(IHD)]
L] N
arrange Py j in decreasing ordcr,'and assign bits one byk one in the

sorted order. In this mannér the global dinimum-.MSE is achieved.

*

The development above required that the quant:iz'er input be Gaussian. In.
+

the case of present interest, when the quantizér input consists of the
DCT coefficients of a speech segment, the exact form of the multivariate

distribution of the transfora coefficients is not known. For speech and

~

other signals unimodal distributions are common and we do not anticipate

16

.



P ko ks B

o v

o e o

AR o
'

(1

w g .
I

st
i
PN <lu
i R

CER S

'.,a"g.@ wlf o
by -

.

the transformation to alter the distribution drastically. Hence we
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B 3 ) . III Adsptive Transform Coding

Adaptive tfansfora coding (AIC) is the name for a class of modified TC

schemes. The gaa%\ of ATC is to :meréve on the basic TC method.
. ) .

First cqnnider a fixed scheme. The ba;ic TC approach of Chapter II has

| . ' been examined for spce;:h signals [4]., Coefficient statistics estimated

. from long utterances are used to design a set of quantizers. The
quantizers are non-adaptive in that they are fixed irrespective of
changes in the input signal. This approach gives unsatisfactory results.

One problem is that speech sounds vary greatly from quasi-periodic

(vowels) to noise-like (fricatives). Thus speech is not a stationary

.

<

o ’3’:

process and a fixed quantization scheme based on the stationarity

assumption ylelds poor performance. A second difficulty is that a fixed

v design optimized for a single speaker may be inappropriate for a

%~

different speaker. ATC is a dynamic strategy to extend the usefulness of

TC.

o

L

(\?fﬁrhe adaptivity in ATC refers to adjusting the parameters of the coder to

suit changing signal characteristics, In TC, if we assume the transform
. . . - ,
, . is not altered, the only flexibility rests in the quantization strategy. '
Ideally, we want a scheme that can adapt to those changes and, at the

same time, can be described by few parameters.

The latter is necessary because the dynamics of the scheme must be
communicated to the receiver fot proper signal reconsttuciion. This
; O : additional information that must be transmitted is termed “side

information”.
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 Consider an adaptive quantization .approach based on the transform

coefficient variances. We have already seem in eq. (2.3) that the bit

- < -
assignment depends on the distribution of these variances., Furthermore,

for a given form of probability dengity function the Lloyd-Max quﬁptizer
i8 determined solely by the variance of the distribution. Thus we can
design unit variance qnanti:ers corresponding to different numbers of
levels and simply scale tha quantizers yg the standard deviation of the
variable. Equivalently, we may scale the variable to unié variancei
quantize and rescale the quantized variable, To kegp pace with changing

te the scheme on a block By block basis. We

signal properties we up

(R

need, therefore, an g#€iéate of the coefficient variances which reflects
the 'signal dynamigs.“

3.1 Basis Spectrum Estimation

-

. &
Zelinski and Noll [4] have coined the term "basis spectrum” for the

distribution of the transform coefficient variances. The problem is

first to estimate the basis spectrum and then to transmit it efficiently

-

_to the receiver as side information. Their technique i3 described below.

3.1.1 Smoothing Technique

The method of Zelinski and Noll is a smoothing technique. It attempts to

|
take advantage of the similarity of adjacent transform coefficients.

{
With reference to Figure 3.1, a crude variance estimate -is generated by

squaring the DCT coefficients of a specific block. The number of squared

'& 19 1
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<
values is reduced by averaging over adjacent values. By the averaging

operation it is hoped that the remaining values, cal;ed support values,
will be better estimates of their respective coefficient variances. This

.
method, therefore, assumes a certain smoothness in the basis spectrum of

the signals under consideration. The support values comprise the side

information which is then sent to the receiver. At the receiver the

[

remaining basis spectrum values are calctlated by linearly interpolating
between the logarithm of the support values. Interpolation between the
logarithms of the values results in a smoother basis spectrum estimate

than using the support values directly. -

{

| /

i

' /
3.1.2 All-Pole Model Technique

, ~
We propose on alternative technique for basis sPeétrum estimation which
involves modelling the basis spectrum by an all-pole model. This type
of spectral modelling is well known in linear predictive coding (LPC). A

spectrum is approximated as

2 =
oi 1

. 2
7 [pemrtsagn |

Y

where (01)2 is an estimate of the variance of the i-th coefficient, P

is a polynomial of order M, and w, 1s the normalized radian frequency

i
corresponding to c&éfficient i.
¢
wi - “si"l! ; 1 = l,z,.-.,“ .

N
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The polynomial order is selected according to the number of peaks

(formants) expected in the spectrum. The Jcoefficients of the polynomial

are chosen so that the MSE between the model and the given spectrum is

/
mininized.

The all-pole model of the spectrum has been found to be a good
representation for the spectral ;nvelope of speech sounds. Complex pole
pairs give rise to peaks in the spectrum which correspon;i to formants in
speech sounds. LPC based on the all-pole model is a viable coding scheme
in {ts own right. Markel and Gray in [18] discuss linear predictive
coding of speech and give efficient algorithms for the computation of wf?e

best fit polydomial (Levinson's recursion).

The procec\lure for using the all-pole model in ATCl ig as follows.

The DCT coefficients of a block are squared as in the smoothing

technique. This gives a simple but crude estiuie of the basis spectrum.
The estimate is inverse (diccret;) Pourier tramsformed to obtain an
autocorrelation-like function. The function 1is thet; used to obtain the
best M~th order polynomial fit in an MSE sense [18). The M coefficients °*
of the polynomial then form a compact description of the basis spectrum
and are transmitted as side information to the receiver. A practical
advantage of this representation {s that efficient methods of quantizing

the polynomial coefficients have been developed'fot LPC [19].

L4
[

.

! Tribolet and Crochiere have recently proposed the same technique [8] .
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Modifications to the all-pole model technique will be described in

Chapter IV. These modifications will/be introduced to combat undesirable

quantization effects.

<
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IV  Coder Simulation‘and Results

In this chapter we describe a computer simulation of ATC coders of the

type discussed, giving details of the experimental setup and the input .
signal characteristics. LX

I

4.1 Experimental Setup

The experimental investigation of coding techniqhes is facilitated by
computer simulation of the coder. The flexibility'of a softwafe
implementation periits easy modification coder parameters and
experiamental optimization. For example, tradeoffs between complexity and

performance can thus be thoroughly and.inexpensively studied before

N
resorting to a less flexible hardware design.

The simulation procedure requires three steps. The first step is to
digitize the analogue signal and place the digitized signal in secondary
storage (e.g. on a random access device like a disk). The software then
simulates the coder action in non-real-time, producing output which is
again placed in storage. The third step regenerates the processed

analogue signal in real-time from the stored digital signal.

The simulation procedure outlineqsfbove 18 performed on a PDP-11/45
mini-computer. A 15 bit A/D, D/A converter conbiuation allows for -

real-time signal acquisition and playback “Qdﬁf computer control. The

a

facylity offers variable sampling rate as well as analogue processing

(amplifiers, analogue filters) on input and output. The coder simulation

24
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_runs in approximately 100 times real-time. Appendix B gives a listing of

[ A

the FORTBAN programs and subroutines relevant to,the simulationm.

All of the coder gimulations to be described embody two basic
assumptions. The first of these is that the transmission channel is
error—free; in practice the output from the source coder is further

protected against transmigsion errors by channel coding. The second

assumption 1s more closely related to ATC in particular, We assume that
the problem of coding and quantizing the side information can be
separated from the coding of the transform coefficients. Therefore, in
the simulation, the side information is not quantized. We do need,
however, an estimate of the extra bit rate required to send this side

information if meaningful comparisons with other coders are desired. For

the smoothing technique, we refer to an estimate of the side information
rate in [4] and restrict 2 kb/sec of any bit rate stated to be allocated
to éide information transmission. For schemes based on the all-pole
model , we use the same éstimate, Linear predictive coders, which use tt{e
all-pole model, can perform reasonably well at 2,4 kb/sec. Consid;riug
that in this case, we want to code only the side information, 2 kb/sec’
seems 2 generous egtimate of the rate needed. MWe note in passing that

quantization techniques developed for LPC (reflection coefficients, log

area coefficients, etc.) are directly applicable to coding the side

information for the all-pole model case. o

The simulation uses speech waveforms as input, The scope of the
experiment comprises the processing of 2 utterances each spoken byf

speakers (2 male, | female). The coder rates considerated are 9, , 12,

25

B . e e




and 16 kb/sec. The input speech, in all cases, is sampled at a rate of
8000 samples/sec. The samples are then band-pass filtered by an FIR
(finite impulse response) digital filter. The pass-band is 200 Hz to
3200 Hz'uhich approximates the frequency renpo#se of a telephone channel.
Block lizaa'of N=128 (16 msec) snd N=256 (32 msec) are utilized in the
ATC processing. Additionally’the input signa;s can undergo

pre~processing operations such as pre-emphasis and/or windowing.

4.2 Siwmulation Results.

The simulation results are presented in three sub-sections. The first
deals with ATC compined with the smoothing technique of 3.1.1. The

second deals with ATC in connection with the all-pole technique of 3.1.2.

The third sub-section contains a number of modifications to and

refinements of the basic scheae.

'S
4.2.1 ATC using the Smoothing Technique

We examine the performance of ATC by several means. First, we present
plots of waveforms at various polntn in the coder for a given input block
of speech samples. Second, coder perfdrnance is measured objectively by
using segmental SNR as a distortion measure., Third, the c¢oders are

evaluated subjectively according to the results of 1nfornal‘listening

tests.

The input block of speech samples is taken from the middle of an

utterance. It is & high energy voiced segment from the vowel part of the

-

. 26 .
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word "depth”. At this point in thg utterance the pitch is constant.
Formants 1,3, ‘and 4 cfe steady, with formant 2 dropping from about 1500
L

to 1000 Hz. - -

Figure 4.1-; _(:a) sl:'oﬁh;the DCT spectrum for a particular input block.
Recall thqt‘the‘mT is not equal to the Fourier spectrum. It is,
howevvet',' béunc'led by the Fourier?;peccrum. For future refete;\ce the
unquali‘fieé .term spectruam implies the DCT gpectrum, Froam the figure, we
see that ‘th; spectrum exhibits a forhant structure and a pitch structure
analogous to the Fourier spectrum, Note the presence of energy below .

200 Hz and above 3200 Hz resulting from the fact that the input block 1s

_ obtained from the input ciénul by rectangular windowing.

The basis spectrum estidate, derived by the smoothing techn{qua of 3.1.1,

is {llustrated in Figure 4.1 (b). Just 16 support values determine the 5
curve. The interpolated segments appear as straight lines on the
logarithmic dB scale. Notice that the estimate captures the gross’ /

spectral structure. It does not, however, follow the fine structute,l

Also the fit 1s poor at low frequencies.

i

Figure 4.2 (a) superimposes the

estimate and the signal spectrum.

We next consider the bit assignment based on this estimate. For
illustrative purposes, we use a bit rate of 9.6 kb/sec. This rate allows
for.sufficiently coar;e quantization to make the coder effects obvious.
For this example 9.6 kb/sec 18 equivalent to 121 bits/block (block size =
128 samples). Referring to Figure 4.3 (a), we note the step structure of

the bit assigoment curve, Also note that no bits are assigned above a

i
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Basis spectrum estimate using the smoothing
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frequency of 1.6 kHz. This effect is caused by the shortage of bits to
be allocated, toupled with the l‘rée dynamic range in the spectrum.  The
small values of the estimate at high frequencies restrict the bit

assignment to the more energetic low frequency coefficients,

[
\

The spectrum qftef quantization i, that 1s the receiver spectrum, is
shown in Figure 4.3 (b). The energy distributfon strongly reflects the
bit assignment in that coefficiené§ assigned zero bits are quantized to
zero: Because of the adaptive quantization, coefficients assigned even a
single bit are present at the receiver. Figure 4.2 (b) shows the
spectrum of the quantization noise.” Theoretically the coefficients ~
should undergo gquai distortion in regions uhere'bits are assigned. In

practice, errors in the basis spectrum estimate and the integer bit

assignment constraint give the noise spectrum & fine structure,

Figures 4.4 (a) and 4.4 (b) are the input and receiver tine’uaveforns.
Figure 4.5 (a) superimposes these two directly and Figure 4,5 (b) is the
erréf'waveform. Note khe large errors near 0 and 16 msec, that is, at
the block boundaries.

Ve now examine coder performance averaged over aifferent sentences and
speakers. The objective measures are SNR and segmental SNR (SEGSNR)
[12]. Segmental SNR attempts to elimfnate a bias in the coﬁveptional SNR
measure. Conventional SNR tends to give more weight to high amplitude

segments. Segmental SNR tries to alleviate this bias by averaging SNR

(expressed in dB) over short intervals (10-30 msec). Let Xy be the k-th

-~

input block of time samples, ‘gk the k~th decoded block, and K the number
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, of blocks in an utterancg, then
», .
[ I Ixl?. .
. - SNR = 10 log,, k=1 .
I %% ]2 \\ R
and SEGSNR = 10 log,, a2 -
K 2
. ).
with log,, (1+a?) = 2 N L

k=1

| %X |2

Regsults using both measures are presented in tabular format in Table 4.l.
Figuteés 4.6 (a) and 4.6 (b) are plots of SEGSNR versus bit rate. With
reference to Figure 4.6 (a) we note that the SEGSNR drops alx;ost linearly
wvith bit rate, At a given rate, diffgrences_ between speaker can account
for up to 14 dB variation in SEGSNR. ‘

Also from Figure 4.6 (b), a change in SEGSMR of up to 24 dB can occur

between the two sentences used in the experiment. Average SEGSNR values
are 11.0, 13.0 and 15,9 dB for rates of 9.6, 12, and 16 kb/sec

respectively.
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Speaker

SNR (dB) / SEGMENTAL SKR (dB)

Sentence 9.6 kb/sec 12 kb/sec 16 kb/sec

1 A 9.9/ 11.6 12.0 / 14.0 14,1 / 17.3

B 9.5/ 9.2 11.0 / 10.9 12.6 / 13.6

2 A 9.5/ 12.1 10.9 / 14.2 13.0/ 17.1

B 8.1 / 10.8 9.1 / 12.6 10.5 / 15.2

3 A 11.8 / 12.2 13.6 / 14.2 16,2 / 17.2

B - 10.1 / 10.1 11.5 / 11.9 13.2 / 1.7

/ T

Overall Average: 9,8/ 11.0 11.4 / 13.0 13,3/ 15.9
By Speaker:

9.7/ 10.4 11.5 / 12.5 13.3 / 15.5

2 8.8/ 11.5 10.0 / 13.4 11.7 / 16.2

3 10.9 / 1.1 12.6 / 13.0 14.7 / 16.0

By Sentence:

Speaker 1:
Speaker 2:
Speaker 3:

10.4 / 12.0 12.2 / 14.1 14.4 /] 17.2
B 9.2/ 10.0 10.5 /7 11.8 12.1 / 14.5
Male
Female
Male

Sentence A: It's easy to tell the depth of a well.

Sentence B: The birch canoe slid on the smooth planks.

Table 4.1 SNR Performance of the Smoothing Technique
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Figure 4.6(a) Sensitivity of the smoothing technique to
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The SNR results have been supplemented by subjective evaluation to
censure a realistic assessment of signal quality. The subjec}:ive tests
iavolved seven experienced listeners.

The distertions in the coded apeech were described as rough or harsh.

The distortions are annoying but are perceptually distinct from the
speech material and thus do not affect {ntelligibility. The distortions
increased with decreasing bit rate. At 9.6 kb/sec, the speech exhibits a
warbling noise which makes the speech sound wnnatural. High level clicks

1A
are clearly audible. In addition, for some speakers, the speech sounds

muffled due to the loss of high frequency components.

4.2.2 ATC using the All-Pole Model Technique

We now examine ATC in combination with the all-pole model technique of
Section 3.1.2. The samples contained in the input block of size 256
“include the 128 samples of the previous example. In addition the block
is pre-emphasized by a simple first order filter and windowed by a

non-rectangular window., These reﬂneneﬁts will be discussed in more

detail in the next section.

Figure 4.7 (a) shows the time waveform. Notice that the increased block
size spans 4 pitch periods for this speaker. Figure 4.7 (b) shows the
corresponding autocorrelation function, which is needed to calculate the

all-polg estimate of the basis spectrum. In the following section, we

will see how to extract even a better estimate from this function. For

the present, notice the peaks at 8 msec intervals which result froa the

pitch periodicity in the time waveform.
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of Figure 4.7(a).
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B

. The block of time samples is transformed, yielding the spectrum in Figure

4.8 (a). Windowing the time samples results in lesés spectral spill-over
in the ICT dowain. We see decreased energy in the 0-200 Hz range and the

near absence of energy in the 32004000 Hz range (cf Figure 4.1 (a)).

Figure 4.8 (b) illustrates the all-pole model estimate for this block.

The analysis uses ll-th order filter (12 parameters including filter
gain). The filter order is chosen to include four formants (8 poles)

plus three poles to approximate the speech spectrum roll-off. Note the
smoothness of the estimate and the good overall fit to the spectrum. The
all-pole model is known to fit formant peaks very well. For Figure 4.9 (a)
the spectrum and the estimate are superimposed. Notice that the estimate

fits the valleys more poorly. The match 1is especially bad at the

extremes of the spectrum. As the model is based on a minimum MSE

formulatiéh, it 15 expected to fit peaks better than valleys,

Bit assignment based on the all-pole model is shown in Figure 4.10 (a).
A total of 212 bits (at 9.6 kb/sec) are assigned to the co;fficients in
the block. The bit assigmnment remains step~like. It differs from the

one based on the smoothing technique. in that some bits are allocated to

high frequencies in the third formant region,
The spectrum at the receiver is plotted in ?igure 4,10 (b). The spectrua

exhibits improved high frequency response. Large spectral gaps remain,

however. Figure 4.9 (b) shows the spectrum of the quantization noise.
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distinct from the speech.
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We next lock at the time waveformsfor this scheme. In Filgure 4,11 (a) we
have repeated the input waveform for comparison with the receiver

wvaveform in Figure 4.11 (b).

the same graph. Figure 4,12 (b) 18 a plot of the error wavefornm.

Figure 4.12 (a) compares thess waveforms on

Referring to Figure 4.12 (b), note the reduced error near the ends of the

block (cf Figure 4.5 (b)). This is another consequence of the windowing

process.

We now change our focus from a particular speech segment to the overall
performance of the all-pole model scheme. SNR values are listed in

Table 4. 2. ‘Figure 4,13 (a) illustrates performance as a function of the
speaker. We see that the SEGSNR is relatively insensitive to the
different speakers. The maximum deviation is about 4 dB. Figure 4.13 (b)
shows the performance variation as a function of sentence material., A

i

!
difference of up to 2% dB is apparent. Thus this scheme exhibits

approximately the same sensitivity to sentence variation as the smoothing
/¢

technique. Overall average SEGSNR values are 11.2, 13,1, and 16,0 dB for

9.6, 12 and 16 kb/sec, about the same as the smoothing technique.

Subjectively, the all-pole model scheme exhibits different distortionswhen

compared to the smoothing technique. The coded speech contains a

background swis\hiug or whistling sound. This distortion is closely
correlated with the speech mvefom and as &ch is not perceptually
Starting at 12 kb/sec listeners notice a
reverberant speech quality and some muffling. At 9.6' kb/sec a warble or

burble is present. Most listeners prefer this scheme to the smoothing

~

technigque.
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Speaker 1: Male
'  Speaker 2: Female
Speaker 3: Male

|

[

¢ .Table 4.2 SNB Performance of the

Sentence A: It's easy to tell the depth of a well,
. Sentence B: The birch ;:anoe slid on the smooth planks.

L3

N ' : SNR (dB) / SEGMENTAL SNR (dB)
(-;9 ’
Speaker  Sentence . 9.6 kb/sec 12 _kb/sec
) ’ o 1 A 12,0 / 12.1 16.4 / 14,4
’ ] B 11.5/ 9.9 13.8 / 1.7
‘ © 2 A 1004 / 12,2 - 11.9 / 4.1
B 11.2 / 10.9 12.9 / 12,5
3 - A 12.7 / 12,2 15.2 / 14,2
B 13.6 / 10.2 15.9 / 12.0
Overall Average: 11.9 / 11.2 T4.0 7 13.1
{
By Speaker:
11.7 / 11.0 " 14.1 / 13.0
5 /10,7 / 11.6 12.4 / 13.3
g ) 3 13.2 / 11.2 15.5 / 13.1
1- ) - By Sentence:
] C 1146/ 12.2 13.8 / 14.2
B 12.1 / 10.3 14.2 / 12,0

s

2

16 kb/sec )

17.6 / 17.6
17.1 / 14.6
14,8 / 17.1
15.4 / 14.9
18.1 / 17.3
19.2 / 14.7

17.0 / 16.0

17.4 / 16.1

15.1 / 16.0
18.7 / 16.0

16.8 / 17.4
17.3 / 14.7

All~Pole Model Techniqus

¥,
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.
PR



r < <
o w i
2 o st
»n - OVERALL AVERARCE
X - SREAKER 1

® 0 - SPEAKER 2 .
~ _7“.- H -~ SPEN(ER'3 )
om
0 - .
NS

v
XY
pal
wm

]
.J
L
wnm e
k!
2 ¢ + + * L T T
9.6 12 16

’ RATE (KB/SEC)

o Figure 4.;3(a) Sensitivity of the all-pole model technique
' to speaker variation.

-

b + —+ + + &
* u - OVERALL AVERAGE
¥ - SEMTENCE A
0 -~ SENTENCE B
o L
V) — i
m
@ |
N ' -
qg 4
m &)
- ‘
wm
. :.
U i
L ,
n i
. :
G4 * + + —t + + 4
9.6 12 16
| RATE (KB/SEC) p
‘ Figure 4.13(b) Sensitivity of the all-pole model technique
to sentence material. %
I . '
47 ‘ \




4,2,3 ATC Modifications and Refinements

We now clarify some of the modifications and refinements referred tojin
previous sections. To some extent several of these refinements had@ bgen
incorporated into the all-pole model technique. A major modification, that

of adding a pitch estimate to the basis spectrum, will be “introduced and

8

illustrated with the same example used inrthe previocus section.

In the course of the experimental investigation it was discovered that
ATC could be improved by Qse of pre-emphasis, de-emphasis techniques.
Pre~emphasizing the input waveform boosts the energy at high frequencies
relative to the energy at low frequencies, This alteration of the signal

spectrum agrees in principle with the perceptual importance of high
frequency formants. The result of this refinement is to cause more bits
to be assigned to higher frequencies. Those high frequency components
which are allocated bits are reproduced in the receiver spectrum.

The complementary operation of de-emphasis is then performed at the

receiver. The filters used to accomplish pre-emphasis and de-emphasis

are given by eq. (4.1) and eq. (4.2) respectively.

1 n=20 s
“ h_(n) = { -k n=1 (4.1a)
P 0 elsevhere :
"‘1 ’ v
Hé(z) = 1 -~ (22z) (4.1b)
. 48
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by () = 2~ (14cos (mn/5])

n= 0,1,2,3,“
=0

elsewhere (4.2a)

gd(z) = 1 (4.2b)
1-(22)"%

These filters were selected from a family of pre~emphasis characteristics

with the parameter hy(1) = -4 selected experimentally,

A second refinewent is the use of a non-rectangular window. When a

tapered window is incorporated, adjacent blocks are overlapped. The

amount of overlap 1s determined by the explicit window shape. The

raised-cosine window given by eq. (4.3) is employed. The window reduces

both spectral spill-over and the discontinuities at block boundaries. An

overlap of M=32 sampleswas found to be a good value.

!

|

L(1 - cos[n(i+l)/(M+1)] ) 1 = 0,1,...,4-1
wM(i) - 1 { = M,MHl,...,N-M-1 (4.32
(1 - cos[r(N-1)/(M+1)] ) 1= N-M,N-M+1,...,N-1

-t
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(“) The window and its DFT are shown in Figures 4.14 (a) and 4.14 (b).

The above refinemenys operate on the time waveform. We now describe a
modification to the basis spectrum estimate. We term the scheme

resulting from this change the modified all-pole model technique.

1
\

In [8] Trilolet and Crochiere describe a way of adding pitch information
\]

to the basis spectrum estimate. The autocorrelation function 1is searched
for the pitch period P (in samples) by looking for a peak away from the

origin. In addition, a gain value G i8 determined as the ratio of the

2

autocorrelation function at P to its value at the origin (zero sample

lag). Note that G must lie in the range (0,1].

The new all-pole estimate (o;)2 1s obtained from the original estimate

. (01)2 by multiplying the estim@te by a pitch factor 02(P,G)
0;2 - ai . o%(P,G)
f
- 4
vhere o - -

. hod . 2
02(P,G) = |pFT[ {} G" §(n-mP)} - [U_(n)-U_(a-1)] ]
m=0

'

and Ug(n) 1s the unit step function.
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The pitch excitation is modelled as a decaying impulse train with period
L

P, The amplitude of the pulses are geometrically weighted by G.

Furthermore, the sequence is windowed by a rectangular window of length N.

Note that the pitch model is described compactly by only two parameters.

These parameters must be included in the side information sent to the

receiver.

We demonstrate the modified technique by example. Figure 4.15 (a) is a
repeat of the spectrum in Figure 4.8 (a). Figure 4,15 (b) shows the
basis spectrum estimate using the modified all-pole model. The pitch
peaks spaced by the fundamental frequency (125 Hz) are clearly evident.
The estimate captures both the gross formant structure as well as the
fine pitch striations. ,Figure 4.16 (a) compares the estimate and

spectrim directly. Note that the estimate is still poor at the spectrum

extremities.

F

It is apbropriate to mention one further refinement at this point, All
the basis spectrum estimates do poorly near 0 Hz. To avoid wasting bits
on’k region where input signal has no energy, a change in the bit
assignment 1s introduced. Coefficients in the range of 0 Hz to some
cutoff f. are allocated zero bits. For the simulations f. is chosen

as 125 Hz., This value is consistent with the band-pass filter and window

characteristics.

Figure 4.17 (a) shows the bit assignment with the number of bits/block

set at 212. The bit assignment reflects the pitch periodicity in the

»

[ it
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basis spectrum estimate. Peaks in the spectrum are allocated bits while
few bits get assigned to nulls. This frees additional bits to be

agsigned to higher frequency peaks.

The receiver spectrum is shown in Figure 4.17 (b). The receiver spectrum
displays the fine structure of the input spectrum. Also high frequency
energy is extended to the fourth formant region. The quantization noise

spectrum 1is plotted in Figure 4.16 (b).

Time waveforms are illustrated in Figure 4.18 (a) and Figure 4.18 (b).

Figure 4,19 (a) compares input and receiver waveforms directly. Figure

4,19 (b) 18 a plot of the error waveform. Note the amplitude of the

ér;or is reduced in comparison with all-pole model error in Figure 4.13 (b).
e

We next present results to indicate the performance of the overall

scheme. Table 4.3 displays the SNR performance for the modified all-pole

N -

model scheme., Figure 4.20 (a) shows éEGSNR sensitivity to speaker

variation. The introduction of pitch, a strongly speaker dependent
phenomenon, into the bagis spectrum estimation has increased the
performance sensitivity to different speakers, Variations in SEGSNR of

up to 2 dB are shown. ,
Figure 4,20 (b) shows SEGSNR variation to sentence material. SEGSNR can{

o decrease by as ‘much as 2¢ dB. Thus the sensitivity remains unchanged

from the other schemes.

L . e -
R et yr~kae sk ot st R St oA



e VAR BSTEEORTR R

- L MMAM Tom )
> VY v T

TIME (MSEC)
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SNR (dB) / SEGMENTAL SNR (dB)

Speaker Sentence 9.6 kb/sec 12 kb/sec 16 kb/sec
z‘ ‘ -
3
: 1 A 14,4 / 14.2 16.8 / 16.4 20.1 / 19.3
f B 14,8 / 11.7 17.1 / 13.6 20.5 / 16.5
2 A 13.8 / 14.5 15.8 / 16.5 18.8 / 19.4
. B 15.0 / 12.5 17.2 / 14.3 20.4 / 16.8
- AN 3 A 14.0 / 12.8  16.2 / 14.7 19.1 / 17.4
’ B 14.9 / 10.7 16.8 / 12.3 19.9 / 15.0
Overall Average: | 14.5/ 12.7 16.6 / 14.6 19.8 / 17.4
; .
‘ By Speaker:
i
§ ’ 1 14,6 / 12.9 16,9 / 15.0 20.3 / 17.9
: 2 14.4 / 13.5 16.5 / 15.4 19.6 / 18.1
E .3 14,4 / 11.7 16.5 7/ 13.5  19.5 / 16.2
By Sentence:
. A 14.1 / 13.8 16.2 / 15.9 19.3 / 18,7
! B 14.9 / ll'7 17.0 / 13c4 20.3 / 16-1

Speaker 1:' Male
Speaker 2: Female
Speaker 3: Male

Sentence A: It's easy to tell the :!epth of a well.,
Sencenke B: The birch cance slid on the smooth planks.

|

[y
|
|

f

Table 4.3 $NR Performance of the Modified All-Pole Model Technique
( / -
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0 ) Fig. 4.21 compares the average performance of the three schemes

examingd. The modified all-pole model shows the best average

performance; 12.7, 14.6 and 17.4 dB for 9.6, 12 and 16 kb/sec. is is

' almost s 4B better than the other schemes.

.

‘ L | when speech processed with the modified all-pole model scheme is
presenéedﬂ to listeners, they characterize the distortions as being
- gimilar in nature to those of the all-pole model scheme. Listeners ‘
. geﬁerally find the distortions less objectionable and they suggest
&

‘2\ that the mpdified scheme has the best overall quality of the three

@chemes investigated. Some listeners, however, notice only a slight

s

improvement with this technique as compared to the all-pole model

v . schenme.
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V  Conclusions
In this chapter we summarize the contents of preceeding chapters and

state the conclusions of the study. In a final section we outline areas

for future investigations.

We have presented a basic transform coding framework. The flexibility in
TC lies in the choice of the transformation and in the choice of the
quantization strategy. We have selected the DCT as a computationally
efficient approximation to the optimal Karhunen-Lo&ve transformation. As
well, a general quantization strategy has been formulated, with several
specific schemes implemented in a computer simulation. The simulation
affirms than ATC 18 an excellent alternative for speech coding. It
offers a range of qualities from very good at 16 kb/sec, to noticeably

distorted (but completely intelligible) at 9.6 kb/sec. In fact, at 9.6

+. kb/sec, ATC (using the modified all-pole scheme) gives better quality

than any other scheme presently available.

The performance of ATC depends to a large degree on the accuracy of the
basis spectrum estimate. In this regard, the smoothing technique 1is too
crude an estimate to model speech spectra accurately. ’Qe estimate
ylelds a‘step-like bit assignment curve which does not ca;)\t\ure the fine
structure (pltch striations) in the original spectrum. The smoothing
techn{que is not speech specific. This apparent drawback may be an
advantage in the coding of inputs other than speech, or in cases vhere
the coder must handle several types of inputs (as in the telephone

network which carries both speech and voice-band data). For ex;mple, we
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(w) have shown that a 24 kb/sec ATC coder using the smoothing technique, when

applied to voice-band data at 4800 b/sec, yields an error rate of 10-4;

this compares favourably with other coding schemes, and can certainly be

improved.

Basls spectrum estimates using the all-pole model yield better quality

) coded speech. The all-pole model provides an accurate, concise

\ representation of the overall basis spectrum shape. The addition of
pitch information into the modified all-pole model scheme results in the
best overall performance of the three schemes investigated. The pitch
model provides the necessary fine structure for the basis spectrum

estimate. The improvement obtained using the pitch model seems somewhat

speaker dependent.
The quality of speech coded by ATC is improved by the use of a

non-rectangular window. Windowing reduces clicks by reducing energy near

the block boundaries. An additional benefit of windowing is reduced
spectral spill-over.

A pre-emphasis filter at the transmitter and a de-emphasis filter at the
receiver can further iﬁprove ATC performance. The pre-émphasis filter

causes better high frequency reproduction by boosting the energy in the

higher frequencies before coding. The de-emphasis filter helps to reduce
click amplitude since the filter attenuates the high frequency components
. , of the clicks. A disadvantage of too much pre-emphasis is that the

, brocessed speech has an audible swishing background noise.
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At low rates such as 9.6 kb/sec, speech processed by ATC exhibits
noticeable distortion. One type of distortion is a kind of warbling
or burbling noise which is perceptually integrated with the speech”

material and sounds quite wnnatural. We speculate that the warbling may

Abe caused by a lack of continuity in the formant trajectories. Since the

quantization of the transform coefficients is independent from block to
block, it is possible that formant trajectories (especially those of the

lower energy second and third formantsg) can become discontinuous.,

ATC appears complex when compared to conventional waveform coders. The
main sources of complexity, hc;wever , are two types of signal processing.
First, the computation of a DFT is an integral part of the DCT
calculation and of the all-pole basis spectrum estin)ate. Second, a
récursive matrix inversion (Levinson's algorithm) is required tc generate
the all-pole filter. In a practical ATC coder these two functions must
run, in real-time. The general usefulness of the DFT as' a signal !
processing element may well mean that a DFT module (perhaps a self -
contaﬁlnéd integrated circuit) might be available in the near rfuture.?; The
all-pole filter calculation can presently t:e done in real-time with fast®
microprocessors. Heknce, a real-time adaptive transaform coder is a

feasible device.

A situation where ATC mdy prove useful, independently of whether or not
the required"circuitry becomes sufficiently inexpensive in the short term -
to permit its widespread use in private terminal equipment, is in message

store-and-forward or message retrieval systems, The point of the coding

is to ensure efficient use of digital storage. Expense is limited

»
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because a single coder serves a large group of subscribers. ATC may also
be ; viable alternative for secure communications. In this case, digital
transmission facilitates the encryption of high security messages. A
constraint in some secure systems 1s that existing communication links
with limited channel capacity must be utilized. For example, a telephone
channel with special compensation (i.e. adaptive equalization) can

support transmission rates of up to 9.6 kb/sec, a rate at which ATC

yields speech of communication grade quality.

-

Last, we present several suggestions for future work im ATC. One area

which needs further investigation is the determination of those waveform
&

characteristics which correlate with the preceived distortions. Such a

study is fundamental to the extension of ATC to even lower bit rates.

Below 12 kb/sec the coding scheme has few bits to assign and therefore

"must allocate bits only to perceptually important spectral components. A

second area of interest is the transmission of voice—~band data using ATC.
The spectrum of voice-band data differs markedly from that of speech.
The ability of ATC, a frequency démain technique, to adapt to varying
spectral energy distributions m;kes ATC a logical choice for systems
which transmit both speech'kpd data. Other specific issues in ATC that -
nged investigation are the effects of channel errors on coder
performance, pole—zero modelling of the basis spectrum, and side
information quantization strategies. The solution of these problems will

help push AIC towards practicality, °
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APPENDIX A - ‘

Efficient, In-Place Computation of the Discrete Cosine Transform (DCT)

- R
‘Let x(n), n = 0,1,...N-1 be an N point data sequence and X(k) be its

corresponding DCT. Then . '
N-1 . , s
X(k) = 2c(k) ] x(n)cos[w(2n+1)k/2N] k=0,1,...,N51 . (A.1)
N n=0
where c(k) = 1/V/2 k=0
-1 k'l,Z,...,N“l

\
-

Reference [20] describes a method for using an N point DFT to
calculate an N point DCT. For convenience, we now rederive this

- « -

result.

Let the summation in eq. (A.1) be denoted by

N-1 .
¢ F(k) = Z x(n)cos{n(2n+1)k/2N] (A.2)
n=0

Assuming N is even, define auxiliary sequence y(n) by

y(n) = x(2n)

n=20,1,...,(N/2)-1  (A.3)

y(N=1-n) = x(2n+l)

-

Substituting y(n) for x(n) in eq. (A.2) yields

. N/2-1 ) .
F(k) = ] y(n)cos[(4n+1)k/2N]
n=0 .
’ - NP _
(- ' + ] y(N-1-n)cos[(4n+3)k/2N)
\ n=0 J
1}
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If we let n' = N~1-n in the second summation, simplify, and
combine the sums, we get .

N~1
F(k) = } y(n)cos[n(4n+l)k/2N]

n=0

We may evaluate F(k) as the real part of the sequence

At

N-1
H(k) = ] y(n)exp[-jm(4n+l)k/2N]

n=0

N-1
= exp[-jnk/2N] } y(n)exp[-j2mnk/N] (
n=0

Identifying the summation as“ the DFT of y(n), namely Y(k),
F(k) = Re[H(k)] = Re{ exp[-jmk/2N]Y(k)} (A.4)
Furthermore, it can easily be shown
H(N-k) = -j H(k)*
(* denotes tomplex conjugation). Thus

F(k) = Res [;(k)] k = 0,1,2,...,(N/2)-1 '}

0 . (a.5)

F(N-k) = -Im [H(k)] K=1,2,...,(N/2)
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and X(k) can be evaluated from F(k).

¢ The above derivation shows that an N point DCT may be calculated

using an N point DFT. We next consider the problem of in-place -

calculation.

The rearrangement indicated in eq. (A.3) 1is simplified when one
considers x(n)oas a 2 by (N/2) matrix stored in a linear arra'y

(as in Khe FORTRAN convention).

For example, 1if N = 8
4
x(0) x(2) x(4) x(6)
x(1) x@3) x(5) x(7)

Consider the transposge of this matrix,
%(0) x(1)]
x(2) x(3)
x(4) x(5)
x(6) x(7)J

Comparing storage order, .

’
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3 .

f Original Transpose ¥(n)

1O - x(0) }«u\ x(0) |

h ' x(1) x(2) x(2) . ‘ /
| x(2) . x(4) x(4)

2 x(3) x(6) © x(6)

N x(4) ’ x(1) x(7)

x(5) x(3) x(5)

' » x(6) ( x(5) x(3)

‘ x(7) x(7) x(1) :

x Thus rearranging the transpose order to get y(n) is a simple

»

g

matter of reversing the order of the elements in the second

R
B

half of the array. Algorithms for the in-place transposition

K of rectangular matrices may be found in [21], [22].

. To summarize, the steps in computing the DCT are as follows:
1) following eq. (A.3) rearrange the data in-place (using

matrix transposition)
2) use an in-place FFT algorithm (for real data) to calculate

Y(k) (note that an FFT of an N po{nt real sequence needs

\ only N storage locations) ‘ ¥
LY

-y
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3) perform the complex piult:iplication in eq. (A.4)

&

4) calculate F(k) from eq. (A.5) ' ¢

5) multiply F(k) by 2 c(k)/N

]

The inverse DCT is computed in a similar manner. The IDCT is
~ .
defined as:

N-1
x(n) = J c(k)X(k)cos[n(2a+1)k/2N]
k=0

) =,

ne=20,1,..., N=-1

The IDCT may be computed

as
N-1
w(n) = Re ] {c(k) X(k)exp[jrk/2N]}exp[]2nnk/N]
k=0 .
ey

and~

x(2n) = w(n) . -
n=20,1,..., (N/2)-1

x(2n+1) - w(N~1-n)

71
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Note that the real part operation may ‘be performed in the

frequency domain, If
R(k) = c(k)X(k)exp[jnk/2N]

ve cép take the IDFT of ${R(k) + R*(N-—k)lband avoid taking

real parts in the sample domain.
The IDCT can be calculated in-place using the following steps,

1) replace the X(k) sequence by 3{R(k) + R*(N —xk)]

2) wuse an in-plagce IFFT algorithm (for transforms of real data)

oy

~
to calculate a permuted version of x(n)

L’

.

3) wuse matrix transposition to unscramble x(m) °

Two subroutines (listed in Appendix «B), DCT and IDCT, implement
these ‘procedures for N a power of 2 ranging from 4 to 2048.
RFFT performs the real forward and inverse FFT operations.
MTIP2 is used for in-place matrix tf'ansposition'. Note that the

@

complex exponengials are calculated recursively for increased

?f fi}dency .




APPENDIX B

¥

This appendix lists the FORTRAN modules used in the computer simulations.

Only routines which are direcily relevant to the ATC simulation are

presented. Auxiliary programs used for filtering and windowing, as well
%

as all ‘system dependent routines,are excluded.

A pequence of operations is required to simulate the complete coder

action. A file containing the speech samples is first passed through a

pre-emphasis filter. The filtered speech is partitioned into coding

blocks 'be windowing the speech using overlapping ;v“indows. Thus ad jacent

blocks-have common speech samples. These blocks are placed in a

* temporary file. This file is coded via the ATC program. After coding,

the overlapping portions of adjacent blocks are added together to undo

the effects of windowing. A last step de-emphasizes the coded speech to

O

produce the desired output file.

A
Functional Description of Program Modules.
ATC - Adaptive transform coding main progr
- B . L
ASSIGN ~ Bit assignment for ATC
AUTO - Autocorrelation method of determining best -all-pole model
filter '

03
;
:

1 ¥



DCT -~ Forward (in-place) discrete cosine transform

-

" DECMCR =~ Gets input and output file names

DPCLOS - Closes a file opened by DPOPEN

-

DPOPEN =~ Opens a fil'e for reade (READW) or writes (WRITW)

EXIT - Stops prograa execution

1

3
¥

.FL’i‘YPE - Adds a default file extension to a file name.

o '

-

HDRIN - Inputs an audio file header (he'a'der contains sampling

frequency, creation date, and file length)

HDROUT' -~ Outputs an audio file header
- ' .

IDCT - Inverse (in-place) discrete cosine transform

-

)

MESSAG -~ Interface to system message utility (used to print I/0

errors)

MT21 <« Nucleus called by MTIP2 v ‘ i

¥

.MTIP2 ‘= Transposes a 2 by N/2 or a N/2 by 2 matrix in-place

° »



‘ 2% 1l = gt T A
\&“' —\3‘: [P + & & S N
W/. - o w o I ‘
WHE = Quantizes a variabie given a qimnr.i:er characteristic - . : |
S T ' i ‘
RADSO - -~ “ASC;; to i dnternal character format - ) .
4 ! L Il PN
- L
) READW - Reads\ from a file o ' * o ,
- | . “ \ ¢ _‘,‘.\‘} .+ N t / )
o - ) . . X . g .
_ . RENEW - Replénishes s buffer with & new set of samples .
7 | . ; - )
\ RENINT - Initializitfon for RENEW. ; 6 4
6 } . N ‘ ) e .
. ] T LS . P
REQJE§ " = Requests execution of a speciffed task. (used to invoke Master
a » ¥ o i v -
‘ Congole Routine MCR) ° .
B a N . . Q) . ' ”
-t - ' [ §° - .y ° . [
[)- 0 , Bery , . -
~ RFFT ~ Ii-pface FFT :(aEd inverse FFT) for real data’ ;
LI . i ) ¥ :g ’ 4
, RLTRFM - )Nucleus®called by RFFT ,;ﬁ
“ . ' 5
, . ;
L - X ’ %
. + SCHED~~*~= Schedules task, for ’gucut'io‘h} at a given time ‘ ' j
- ’ - . »
b £ N ol . ‘ .
] - IS = &
\smgg = Side mforpati»o’ﬁ’ using the smoothing.technique’ N
o . . —~ ) .. ; 4 V rd .' * - * “ ‘c\' . !’(‘,
e . S T " . ' “ 3
* TCSINFO -~ 5ide information ut}ng all-pole modkl or wodified all-pole o
: ? b ’ S L s Ik y ' v '
X : : »
. sy .og L~ ) . N !
‘ ¥ w S, 4 } 4 t N k) R
q N ) ) M’ .
’ TIME, - System timd routine o r
f n .- LI -l x( N a ot .
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VFFT - Nucleus called by RFFT v

o

VSORTP - Sorts an array (in increasing order / keeping track bof sort ’ )

1. » permutation).

" Q"y
“ . ,
-
WRITW - Writeg to a file
g . ’
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10/04/79 D. SLUAN

PRUGRAR ATC

UATA OLFINITIONS

,PAHANRTER NAKPARA®2S

PARARELER sUrdiZesS)2 1 BLUCK BPEKECH BUFFER
LMAX TRANSFORM 812K
RAX GUANTILER BITS

A% (AARSITE¢L )2

0/A RANGE

PARAMETER RAABITS=W

PARANEIMR US120m510

PARANETLK UPBND=16130).,LOnBNKDR=15204.
PARARETER YESBa'Y', NOUS'N®, SLASHe!'/®

- e e

LUNS

GeT

PAHANETER FALEIN®1,FILEVUTS2,FILLANTEY, INDIR=4 ,KOD 15, KBDOnS,

% LPRess , FILEPLTR)

BIfe INFLILECIN),0UTHILECIN),UNTAANES(20,8),TIN(0)., -

1 1USL8, GACR,BOURRY, LAPLC,UNLF ,WULAW,QTIPE,

2 GAUBS, GANN, ALAN, DY, ( A
/

LUGICAL ‘PLOT,ZEROFRN, PLTCH .
INTEGEK®2 IBUFFEK(SUFSIZE), BLTS(NAXPARAD,IOST(2), SANPLES,
1 RATE, K, BUFCHT, FRACKT , UFFAST , MRS , RIN, SEC

N

INTEGERS4 NFRARE, [ 4DUNNY

HEAL BUFFER(BUESLILL),U(0SL2E) SIGHAINAXPARA),FCALIH(NAKPARA),
1 SIGHADLOCHAKPARA}, OSCALE(HAKEITS)

QUL YALLNCE (LUST, I08T8), (Df'?lk,l'ﬂ?fﬁﬂ)

DATA LAPLC,UNLE, RULAN,GAUSS ,GANN, ALARZ SL Y, U, 1NS N0, 1G1, 040/,
Uﬂfﬂlﬂhﬁl’o','P'.’l'.'l'.'h'.'l'.'?',’ﬁ'.'l'.'c‘.'l:'n'
19V, N, 01,500, lul,.lﬁt'llO'I'l.Iul'l'l'le'er'lot'lhl'
TR T O T T, 800, DRI, LT, R, UL, A,
St b PO PN LI 80, DY, P, S, g 00 ot by, ‘(5!
L AP R L IR A L PR LAY AR S LN ALY L) LA l‘.i
L LI Y c"f |r|'7.°’ SPY LIPS, g0 g an ML a0 1y,
. O‘I“l LUSE 29T 1Y)

cuvu)nmnx’aﬁiﬁx,unnn). LOWSND)

»

~-~C VSN~

LUNIN=KBO]
LUNVUTSAMOY

foe INPUT AND OUTPUT FILE wangs ¢
cm. VECHCRC *SAUDIO FILKSS *,UUTFILE, 'AUD', INFILE, 'AUD’,

LUNIN, LUROUT,GHCR)
l!(DU!flLﬁ(l).L0.0 «ON, INFILE(1),.RQ,0)GU 10 1O, °

OPEN IHE INPUT AUDIO FILE

CALL OPUPEN(FILELI®,I0OST,INFILE, ,*READ',NBLK)
CALL MESSAG(,108T)

it LiuaTe.LE.01GO TO 10

NBLR=SANBLLUST(2))~1

AFtasLL . LE.1JGU TO 850

ReAD IHE TWPUT FILE NEADRR (ALSO PRINTED ON LPR)

Clbb RORIN(FLILELN, 108Y, CUIEO,IDILK.LPII
AF(IUSTS,LE.0)GO TO 830

¢
C OPes Ini DUT'UT AUDIO FILE

Saslis=nBLK ' i ALLOCATE A NON-CONTIGUOUS FILE
CALL VPUPEN(FILEUUT, LUST,UUIFILE, . CREATL® MBLK)
CALL AKSSAG(,I108T)

L (1088, 6T, €)G0 TO &0 :

RRKUR 1IN OPENING OUTPUT FILE

CALL DPCLOB(FILEIN, 08T, 'SAYVL")
CALL RESSAG(,IUST)

Gd 1V 19 ,
¢ .
C «RITE THE UNTPUT AURID FILE- NEADKR (ALSO PRINTED DS LPR) N
[ .
L 1] CALL NUROUTLYILEOUT , L1UST, SFREQ, NBLL-1,LPR)

1F(IUSIN.LE.VICO T0 780

c
C FiaD UUY THE FRAMKE LENGTH 1k SANPLES N

<
st

IFLLVANUT Q. KND0) uN] TR (LUROUT, 1000)

READCLUNIN,G  100,ERR=S0,KN0ST50)SANPLES
HPARASSANPLES

LF(NPARALT .4 JOR, WPARA,GT.MAKPANAIGD TU 50
LAvunnTsaliiAe}

Cfllﬂﬁ‘l1001;’025510Alfh30 -

<

oy




—

2.

Iy

140UNNY=0
4
€ FInD UUT THE QUANTIZLE TYPL
[

[ 1] IFCLUNUUT o el KDDD)WRITE ( LUNUUT, 3 200)
READILUBIN, 1300, ER0USTS0 JNCHHN,wTYPE
16 (NCHR WE .16V TO 60
LF(UTIPE LU, LAPLC UK, UTYPL.LU.CAUSS ,UR,
o 1 UTIPL.LU,GARM)IGO 10 v
IFLOIYIPE.OL UNLF AND, QrYPR.Me,MULAN AND.
c 1 QTYIPL.ML.ALARIGU FO ou .
C UPeN QUANTIZRK FILE
€

T¢ P CUTYIPLLEU LAPLC)Jm]
IF(UTIPLED UNLE )J=2
I (UTIPL.LU . HULAN)UR) i
IF(UTIPL.LU.CAUSS ) Jud .
IF(OTIVL.EU,LARNM)J2S -
IF(UTYIPEL LU ALAY )Jsb

UPENTUNI TR LLEONT , NAMERONTNANES (1 ,J) , TIPES* OLDY ,READUNLY, %’
t ERHETOU, FURNS'UNFURNATIED ' ,BUFFERCOUNT =2)

Y

<
C PILL IM UUANILZER ARHRAY "Q*

ALbvsy - .
InpDasy 4

00 90 i=i,MAXBLITS

ALAULFILEUNT, ENRETS0)(Q(J),dBINDX, INDXENLEN,~])
MDA nDAPNLLY

ALEVanLeVe2 =

<

CLOSE UUANEIZEM FLLE

0N €

Cla’USl.(UM!‘I'IO'lLI.ONT.Dl SPOSEs'BAVE")

L akaRel

00 IFCLUAUUTEU, KBOO)WRITE(LUNUUT,1700)
READLLUNLIN, 1100, CRREL100, ENDS TS0 IRAXABN
IFLMALABN LT, 0 ,OR, AAXASH,GT.AAXKBITEICU TO 100
LECHAIASH EU . VIMAKASKRNALLLITS

[+

C MU GUARTIZER LUADING FACTORS e - -

€ UNL FUR LACH NUNNER OF BITS THAT COULD BE ASSIGNED

c

110 JPCLUAUUT LU KBUO)IWRITE (LUNUUT, 1400 NAKASN

REAUDCLUNEIN, 1500, ERRNL10,ENDRIS0)(OBCALE(L) , In1 , MAKASN)

¢ N e

C DuFAULT VALUL FUR GSCALE 15 1.V

c

DU 131 I3, RAXASH
IFCOSCALLLE )L LELO.0)UBCALE(L)=1,0
113 COnTinue N

-

C GLT wOLSE BuAPING PARARETER

C a

115 I {LUNOUT . KU KBDO)wRITE(LUNOUT, 3800) ¢
READCLUNLIN, 1500, ZRAS1 1S, Lalin 750 )CANNA
SFAGANNA, LE.~1,0 ,OR, GANMA,GT.0.0)G0 T0 1315

Gt VISIOKRTIUN TUNCTION TYIPL

17 1P LLUNNT L E0 . KB0D)INRE TE(LUNULT, 4000)
NEADLLUNIN, 1300 ,E0D750)NCHK,DTYIPE
1F(NCHR, £Q. 9 JDTIPLSATIPL { DEFAULT IS OTYPE
IFQOTIPE. Ak, LAPLC AND. DTIPE.NE.CAUSS AND.
17 OTIPL.NELUNIFIO0 1O 117

KEAD AAXIAUM NUNBER OF 'BITS TR 8t ALLUCATED TO AN INDIVIDUAL COEFFICIEN1

: A
C GET 8IT KATE
c t
140 17 CLUSUUT.CO.ABD0INRITECLUNOUT, 1¥00) *
READCLUNLNG 1560, hRN120,La08750)B1THATE
AF(SIINATE.LE,0.0)G0 10 120
RATKSNPARASUITRATE/STREQ o , 1 -
TERPERATLOSIREG/NPARA .
MENBUYSUUFS LIL/SANPLES 1 80, OF FRANES PER SANPLE BUFFKR = 0
¢ .
C PARAMLTER FUR FRAME T0 FRARE NEAORY IN VARIANCE CSTINATE ' *
c -
1235 AIF(LUNOUT KA. ABD0)WRITE(LUNOUT, 3400) . g '

MEADELUNSm, 19500 ,KEHRR1IZS, CUUB TR0 JALPHA
IFCALPHALLT,0,0 <Dk, ALPHALGE.1.0)GU 10 129
BCTASL 0CALPHA
¢ P
€ GET PREMICTOR UNULR
c 13

(11 (P CLUMNUT EQ . RED0 MM TEL LUNUUT, 3000)

W

T T , -
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N ADILUNIN, 2800, ERR®130,ENDBIBOINCHR, N
lu.ucu.w.u OR, M LT, 0 ,UR, N 6T.24)60 TO 130

APEne )
i P1TCHs FALSE, -
AP (N.EV.1)IGD TU 14% *
[
C CLf PITCH LESINATIUN PARANETER ?3’
¢ ot

140 IF (LUNVUT KO, KBDD) WRITE(LUNOUT,I900) 0
REAVILUNEN, 1 300,ENDETS0)INCHR, sOUNNT
LF(BDUANY .60, H0ICD TO 145
LELUDUNNY Wk, TLS AND. NCHKJGT.0)G0 TO 140
P1TChs, THUE,

[«
C QUIPUT COsinG SCHEME PARTICULANS TD THE LINK PRINTER
[+

(L1 SRITL{LPR, ZIVOINPAKA, GTYPE , RAXARN
ARUTE(LPR, 2550 ) (USCALEIL), 481, MAKABN)
wRITLILPR, 2400 )RATE, TENP
SR ETRILPK,23T5)CANNA, DTYPE .
= lF(ﬂ.Gf.gG)IN[TI(LPK,?SOO)H,PITCH /
AE (AU OIWRLTE(LPR, 2000)
LFCALPHACGCT U0 )ARITE(LPR, 3500 ALPHA

4
C PREEWUPHAGLS = OELNPUASIS UPTION

C { DEFPAULT (6 NU PHREEMPHASLE « DLAEMPHASLS )
c

1

Y SPLLUNVUT LG, KBLO) WRETECLUNOUT,2900)
REAUD(LUNIN, 3000, ERRR L0, En00 TS0 INCHR,FBRKS .f“?
¢

c .
VELTAFSSFRLUZ (2. 90PARA) ‘
v ¥sg.¢ i A

DU 160 IE1,NPAKA
FGALN(L]IS1,0 ,
1E (#BRA2.GT.FBRRIIFGALN(I)™( 1, +(F/FBRR1IIS$2) / (1. ¢(F/FBRK2}S42)

£ InIYIALIZE A1GNAULD TO ZERG
B1LMAULU(L)=0, ¢

ie0 FeF ¢DLLTAr

¢

IFCEBRE2LGT.FORKLIRRLTE(LPK, 310006 SRKL, FURK2 ‘ .

f

PLOT BASLS SVeCTRUN DPTLON

nno

PLOT® $ALSE, , L~

180 > IFCLUNSUT . Eu, KBUDINRLTE(LUSUUT, 3200)
KEAD(LUNLN, L300, ENUSTSUINCHK, BDURRY >~ L)
LF(BOUNAYCLT,. N0 OR, NCHR.EU.UIGO TO #0S . .
1FCOUYnAY Ak, TEEICU TO 14y ©
PLURE, TRUE,

aPen PLOT FILE

nnn

¢
uuuy--nruufuunuuosuusn'n e
CALL OPOPEN(FILEPLT, IOST, UPLEIPLT ,DAT',, 'CREATE ,MULKR)
IFQLUBIB.ET,0)00 TU 188 -
. CALL MNESSAG(,108T) -
~ ARETR(LUNDUT, 3 S00)

PLUTS FALBE,
¢ . : ——
C ASK FUN STAKTING TINE -
c
' 1vd  CALL TIARLTIN) by ) .

IF (LUNUVT . EU, KBDODMRITE (LUNOUT,4100)TIN
IV (LUNYYT KO, KB00) sRITH(LUNULT, 4200)
READ(LUNIN, $300,ERNR 19S5 ,K008750 )RS, N1N, 8EC N

BCHLOULE TANK '

CALL SCHED(NKS ,WIN,REC)

InITAALIZATION

O NHNAo0

ROLUCKIS (APARA+127)/71 28
NRYTEPSHPARASS .
aREtnd .
° sasts2 ‘1 START AT BLOCK 2 (BKIP REAUER)
NEB=BUrsI16/256 1 MO, DP BLOCKS PER BUFFER
ARENEABE( RERANG +NFRBUF = | ) /NFRUY ]
X220.9 .
= 1
220,90 o~

JNLTIAZE FIRST l’i!‘ll!‘lllJ

.l HeSTPs) § »

v -
.

CALL RERINTIFILEIN,DUFSILE, NNEN,NBLK,NEST) . !

c
¢
¢
¢ . ,

PU 300 SUFCNTS],NRENKUS ?
g .

PAUCLES A wiw SUFFER

. i v
- 3 .
. s
. ’

e e s



CaLbL KEmLw(MURFLR,N,I08T)
1FELIUSTE, LA, UIGO TO 750\ .
& ;) LASTAaM/SANRLLS ¢

TRANSE URK Thi 8UrFLR

O

DO 190 FrECHE®],LABT

O FEETS(FRACHT=1 ) *SANPLEDY] .
(81 CALL OCT(UBUFFER(OFE BLT), BANPLLS)
c

. C WUANTIZE THe FRAMES
¢

DU 250 FRRCHT=L,LAST
OFFSRTE(FRACNT =1 )} *SANPLES

LAOUNAI = (40UNNY 4] , ! INCREMENT UVERALL FRANE COUNT
c - . -
LLRUE KA, TRYUE .
< - & f
. VU 220 1s1,8PARA .

TRMPE(BUFPER(L+OTFEET)S82)9FGALNLS)

TLHUFRASZLRUFRA LARD, TRLAP,LQ,0,Y

L - T1C{ALPHALLQ,0,0)GU TO 220

- CEMPRALPHASSLGUADLOCE ) 4+BLTASTEND )
SIGRAULOCL ) aTENP

SIGHA(L)=LENP !

~
<

IF AN EnTINE FRAME (S LERU SKIP UUANTIZATIUN

NN

1F(ZRHUL RRIGY TO 250 -

PREPARE SIDE INFUNMATIUN

noan

THIN.GT.0)CALL tCBINFOUSLGHA,NPARA,MP,5FREQ,PITCH)

(4]

. LE( WUT, PLUTIGU TO 232 .

ARITE BASIS HPECTHUX TO PLOT ViLb

(s Rg ¥ =]

. CALL WRIT@({FILEPLT, [UST,NBSTP,NuYTLP,SICHA) .
NBSTPRUkETP ¢ NBLUCKS
AF{10818.GT.0)GO TU 232
CALL NESSAG(,108T) -
CALL DPCLUS(FLLLPLT,10§T, 'OELETE')
CALL AKBBAG(,108T)
#RLTECLAUNOUT, 3300}
FPLOTE VALSE. ot
. e
C $IT ASpICHAENT -
€ R
21327 NmHATE
CALL ABSIGH(SIGMA,BITS M, NPARA, MAXABN , GANMA, SFRLQA,DTYPE)
¢
DO 750 Is1,NPAHA
c .
1 XISSUFFERLL+UFFBET)
Xasxlentext
¥150,0

¢ -

AF(SICMALL),CT,.V.0)C0 TO 240
' WRITE(LPK, IT00) L4DUARY, L, S1GNACL)
. LIF(SIGNALL),LT.0.0)60 TO 750 *
e GO TU 248 ’

- 240 IF(61TBLI).EU. 0160 TO 249
SnUSCALE(ULTS(L))
. N ALLYS20985T8(1)
LEVELISNLEY =]
rs-scsnuttttantx)frcaxuc1))
, YIsXi/FS
. . cALL OUAltltL(ll.ﬂ(LR'lbl).ILlI)
tisTiers
. - 208 E28E2e(X2eYf)082
‘ ; WUFFLRCAOUFFEET)nY] !
' 250 CONTIaVE .
c .-
. , C IRVERSE TRANSFURR THE QUFFRR A ~
4
$. 00 260, FRACHTSS ,LAST
. OFPBETS(FRECAT=1)SSARPLLS]
. 269 CALL IDCT(SUFrEN(UFrS5T ), BANPLES)
[
C PLACE SANPLES IN [NTECER OuTPUT BUFFER
[

' ' w0 410 g=1,0 * .
a9 uurrmt(u-cunwrru'n .

o

[
! g OUTP¥E BANPLLE Tﬂiblll riue '

- ¥ . . NUFTLEZNT

80 .
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et s treee . o~ e e
/
3 e
caLL -nur-(ru.whmsr,uusr.nuﬂ.a.nuvrcn)
L CIUSTH.LE.UIGU TD 7150
JUU  NuSTSHBET+AUS 1 yront@\gtantllc sLOCK
€ SIGNAL TU NUISE CALCULATION !
SARB1Y, *ALUGIO(X2/82)
ARITE(LPHR, 27U ) SRR
WRITL(KBOU,2700)8MR - -
c .
C LAIT Tu CLUSK INPUT, UUTPUT PLLE ( ANV PLOT €LLE “IF NECLSSARY) ’
C r
CALL MASEAG(, LOST) -
CALL UPCLOS(FILEOUT,108T, ! $A¥L")
1¥(,n0F, PLUTIGU TO ¥S0
CALL ®eS¥AGL,108T) -~
CALL UPCLUSCFILEPLT, xosr.-snvu') '
GO TU ¥SO T
¢ N
c LRIT TU CLUak LNPUL, VELLTEL UUTBUT FILE (AND DELETE PLOT FIlE
IF NECESSARY)
c 1
150 CALL MESbHAGL(, IUST) ¢
CALL UPCLUS(F LLEOUT, LOST, 'DELLTE" )
Lt (. NUT, PLOTIGU TO ¥SO
CALL M&3SAGL,KUST)
CALL UPCLOS(F1LEPLT, IOST, 'OKLETE! )
¢
C CLUSE LNPUPL File .
[
by CALL mLSBAG(,108T)
CALL UPCLUS(PALEIN,JUST, 'SAVE')
CALL MESSAG(,1U0S8T) i
¢

C OPTIUN TU PRUCLES ANUTHER Sel OF DATA 1F AN INDIRECT FILL
C 18 SPECLFLED

¢

v

EF(LUNLN NG INOLRILU TV 990

KeAOTLUN LN, 1 300, LALSY00) ACHKR, BOURKY

CLUSE(UNITELPH)

¥ (BOUMNY . LY. BLABHIGO TU 10 N :
1F(GACH, £U.NU L AND, LUNLN.NE.INDIR)CALL MEOULS(RAnso('...nCu°))

CALL eXIT '

¢ Forfats

1600
1idy
12v0
1400
1499

1500
1100
Loy
F¥IT

24dv
23715

1400

2540
2000
2100
FE LT
4900

Juvo
o

3200
Jive
00
Isve
BT
e

k2 D)
4900
4900
4100
LX)
400

ronnkr(/?4;nant S1Let »)
PURRALLLID)

FOMRAT(/ *SUUANTIZER TIFE: ')
FURMAT(W,80A1) *
PORMAL(/® ENTRR',12,' QUANTIZER LOADING PARANETERS® A

1l J'S(STARTING FRON § BIT QUANTIZER)t ')

FURNAT{ <RAXBITS>E10,0)

PURMAT(H 'SLNTER NAKINUS ¥IT Abbucnrfout " . .

PURRAT(P'SOLT RATC (SATS/SECONO)E ') :
FURNAT( K mUNSER OF ruuauurcn; PER FRAMED', 14, sx.

i _JOUAATIZER TYPES *,AL.53,"SAXKIAUA BLT ALLOCATIONG',12)

FORMATTIVWOANT L2k LOADING FACTORSS ', <AAXSITS>Yr10.3)

FUKMAT( *ONULSL SHAPING PARAWKTER:',Fe.3,sK,

1 'DISTORTION FUNCTIUN TEPLE ',A1)

FURNAT( 'UTOTAL WUNBLR OF #ITS PER FRAMKI',17,10K,

1 TTOTAL SIT RATES',F¥.0)

PURNRAT( ' GPRRUICTOK ORDKKRI',13,5K, 'PLITCH ESTLRATIDNI',L2)

FURNAT('ON0 SASIS SPECTARUN LSTINATION')

FORKMAT( 7 '081GRALTO-NOLSE RAZID 8! ,C1,.6/7)

YORMAT(G,110) -
FURNAT(/ ' SENTEN FREQUENCY SKEAK-POINTS FOR®,

1 ’ lntsnPHAlIIQDEtQPnA*Ilt ')

FORRAT(Y,2£40.0)

FURMAT( * OBREAK=PULNTS FUN PRELNVHASIS-OLEAPHASLS ARE', *

| TN ¥o.u,' AND',¥T7,D,' NI') .
FURNATLZ 'SPLOT FILEY *)

FORNAT(® »#¢ PLOT ¢iLk Oxbureo esse)

FURNAT(/Z *SYRARK TU FRANE MENONT PARANETERS '),
FURNAT{*OFRANA TO ¥RANE NKNORY PARANCTIER:',F7.4)

FORAAT(/ 'SPREDLCTOR ORUMRE ')

FORNAT(/10¢%3 NON=POBITIVE VARIANCE DETACTED sas?/

1 © YRARES', 16, PANARZTIEAL',16,' VARIANCES®',Gl4.4])
FORNAT(Z'B00ISE SHAPING PARANKTER: ')

FURRAT(/'SPITCH CETIAATIUONT ')

FORKAT(/*SOSSTORTION FUNCTION FOR BIT ASBICHMENTY ')
FORMAT(OPREBENT TIAK 15 *',9A1) -
FURNAT(/ ' 6KNTER STARTING TiAK) *) ¥
FURNBATLI(12,1X)) . ' .
iy

1
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' SUBRUUTINE ADSIGMN(SIGMA,BLTo,BEFSPE N, MAKBITS,CARNA,SFREY,DTTIPE)
12/03/79 0. SLOUAN

ROUTIAE TO ASSIGN A POMTION OF BITESPY BITS PER FRAME TU LACH
UF feih ¥ PARANETERS, THE ASSLIGNMENT IS5 DONE In AN OPTIMAL -
(ke NINIMUM MSL) wAY IF THE PAKAMNETERS ARE INOEPENDENT RANDOM
VARLAGLES.

SIGMA = VARIAMCE YECTOR
YITS  « NUMBAR UF BITS FUR EACHN PARAMETAR
{ CAM BE v FOM LOW VARIANCE PARAMETERS )
BITSPE = TUTAL WUMBER OF BITd PEN FRANK
N s NUKBER UF PANANKTERD
MARBITS= MAXAWUN 8]T ALLOCATION TO A PARAMETER
({ NUTED NAXBITS MUST B LESS THAN OR EQUAL TO 8§ )
GAMMA = NULBE SHAPING PANARKTRR .
BrRLQ = SANPLING FREQUENCY
VIYPE =~ OENSITY TYPE FOR DISTURTIUN FUNCTION
OTYPES 'L® tUR LAPLACLAN DENSITY
OTYPES 'N' FUR GAUSSIAN DENSLITY
OTYIPL® 'U' FUR UnIFORR QUANTIZER
k DRSICNED FOR GAUSSIAN DENSITY

AOOONOGNOONONnNNNONNNOnNOnn

PAMAMETER LOWFHEQ=125,0 § FHEQUENCY TO START BLT ASSIGNAENT
PARRALTELR MAKPARAS2YG

8YTE ULYPE

INCRGERS S BITS{N], INDLK(MAKPARA®D),BITSPF

HEAL S1GAACH),FINAXPARA®E) DK (4, 3)

c
Ey CUMMUN/WKARLAZP, THDLEX '
CUARUA/CUKRKLCT/GCOR(NAXPARA) ICORRECTION ARKAY PROM TCSLINFU . .
¢ ’ .
& C THIS OATA STATEMRNT INITIALIZES THE OISTURTIUN DIFFERENCE ARRAY
C
BAIA UK/6.300ke1, 2.459e-1, 0.295k-2, 2,505k=2, 6.996ke3,
1 1.961°3, 4.V0E=4, 1.221L~4, .
2 5.000h"1, 3,230e=1, 1.2176-1, 3.911k=2, 1.127E=4,
3 3.042k23, 7.914E~4, 1.943k-4, ‘
) 60366k, 2.440E~1, $,1)6E~2, 2,590E~2, $,050t-3,
N s 3800/
~ ¢ .
- 1F(M.GT.MAKPARA OR MAXBITS LI 8)BTOP ' BIT ASSIGNMENT ERROR'
: c
C SELECT DISTURTION FUNCTION ' e
c .
) 1Y (UTIPE £y, 'Y ) In] .
AF(DTYIPE, KV, L") LIn2
LF(OTLPE. KO, U ) In3 ’
A ¢
IF(DTYPE, KV, "W AJD, MAXBITS,CT.5)STOP ' MAXAITS>S FUR UDF!
c
C ZkHU BITS ARNAY
¢
V0 48 Jmi, N .
\ 'H vits()e0
¢
C CALCULATE STANTING, IMDEX FOR BIT ASSIGNNENT e
- ¢ N -
LOAJEIFLX (2. $LUNFREQSN/BFREV)
c X ‘ :
’ 00 30 Jmi,N
80,0 » !
1F{J.GE.LUaJ)SSSIGHA(Y) -

JF(GANMA  LT.0.0)8mE0(CCURCJIIVIGANNAY -

c
ALCULATE HARGLAAL NETURNS ‘
\///ﬂf,,» \\‘—‘152 cALCUL ‘—/"’/,/ ;

00 30 LEi,MALBITS
(R I NTARIESXT ] o
b ANUKX((SUN)

, U PUISUB)E ~$8BR(L.I) .
C t
- - € SORT LINEAR ARRAT P 1N DECNEASING ONDLR KEEPING
. . C IRACR OF v:nnurarlnn{ 1 1Nves
. ‘ c . .
- CALL VBURTP(P,NeHAXBITS, IN0EX) / | ’
c . . -
C ASBIGN BITS OAE 8Y UMK 1N OWDER UF SURTED P ARRAY
S
UG 40 Ju1,BITEPF
, 1808 LROKRCI) . Q
- 40 RITECINUS)SBITS(ISUN) 41
. RETUAY i .
' 'Y ]
O& o | '
M {
n
d ‘ 82




A SUBRUUT ENE AUTUCN K NP, 3, ALPHA,RC) ‘
s *

21709778 U ELUAN
FH1S SUSHUUTAINE CALCULATES THE PALOICTOR COKFFICIENTS AND THE
KeFLECTIUN CUEFFICIENTS USING INC AUTOCORRELATIUN TECHMIQUE,

o

[}

L3

L1

A
ALPHMA
RC

VIARNS[UN OF AUTOCUMRLLATIUN VECTOR

AUTUCUKNRRLATION vECTUR

WUNBER UF PREKDICTOR AnD REFLECTION COLFFICLIENTS ’
LCTOR OF PREOICTOR COEFFICLIENTS
NURMNALIZATLON FACTUR
RLPFLECLIUN TORFICIENTS

e e
[ O I I B

AnNODMHODODOAOND

DLNENSLON A(NP)  RC(NE)
VINLNEION R(N)

ACL)Iw=R{227RL1)
All)=t,0

Al{2)=NC(1)
ALPHASRU L) ¢H(2)*RC(Y)

LILIE LTS

DU S0 MINC=2,kpPn1
s80,v . . 1<
ATaUsKINC )

00 30 LIP=),NIRC
SESeR(MInl=LP)*A(LP) 8
LT CunIiwdE

RCAZ=S/ALPNA
‘ RC(MINC)BRCA
, MHELNAINC /D)0

UU 40 [Pl Nn R ii

N 18mATay=}P

AlBSACLY)
) ALPRALLP)

ATSALP+HCHOALD

. ALLB)=ALBERCHRALY

A(1e)sat .

w Cunrinuk

. : AURINCH1ISKCN <

ALPAASALPHACHCHSS

IF(ALPHA,LE. 0. V) GU TU o0 .
50 CuNTinmE , . ;
4
¢
. (1} HE TUk~

. 8D -

- - #

AN .




SUBRUOUTLNE DCT(X,N) '
. 14701778 D. SLOAN

RUUTLNE TU OU A DISCRETE CUBLNE TRANBFORM iN PLACE

YSIinG A CUMPLLK w/2 POINT FFT '

HLFRNLNCLE M,J. NARASINHA AND A, PLTLYSON

LELE THANS, On CUNM, VUL, 26 WO, 6 JUNE 1978
K = IR Tak ANKAY UF UATA SAMPLES UM INPUT AND THE ,

ARKAY UF UCT SANPLLB ON UUTRYUT

% = 1% THG S1LE UF THE THANBFORN

N8, N MUST BE A PORER UF 2 NUT GREATER THAN 10498 )

NN aNnnNann

PARAMETCH PLBY221,5707983127,4R00T250,7071067010
AKAL K(N)

ANGEPLUBE2/N
CCrCUB(ARG)
$8s ~BIN(ANG)
. TACTOK®2,0/N
NFFTEN/2
SEFTIsabFT/2

PERMUTE INPUT ANRAY

nan

CALL WEILP2{(X,.w,})
DO $10 (w1, ,nFbF2 ’
TREEX(L*NFFT)
K(LenmtrI)skineie])
1 X(N=Le1)=TAP

c

C TAKL WEAL FPT

c

. CALL REFT(L,w,1) .
¢

C CUMPLLX WULTLPLY AND BCALING

¢

CisgC
[3E1 1]
K(1)sX(1)SFACTURSHADOT2
R(NFFTH1)RRINFFT+) ) *FACTUORFHRUUT2
VO 29 [32,nFFT
Al=Xtil) |
YisX(l¢nre )
ACL)S(CUIXL=812YI)*FACTOR
K(IedFrT)n~(CLRYII+B1%X1)%FACTOR
- THESC1eCC=-51588

B1mC1488e819°CC

0 Cisthp

-

4
C PRRAUTE UUTPUT ARRAY
4

3 DU 30 [w2 NFPFT2
TUPsX(LeNFF L)
A(LeNEFT)BA(N=1¢2) ”
30 X{n~ke2)olnp
RETURN
Eng * )

: .
be- 2 . . ' .
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SUHRUVUTINE 10CT(K,N)

4 .
C RUUTIak U V0 A INVERSEL DISCRETE CUSINE TRANSFUNN 1IN PLACE

C USING A COMPLEL N/2 PUINT FFT

C REPERENCES M,J AARASINMA AND A.M PETERSON
1ELE TRANS, ON CUnN,

A = THE ARRAY OF DCT SANPLLES ON lwbUT

AND THE DATA SARPLES On OQUIPUT

N o« ML BLLE OF THE TRANSEORM

NnNanNnoOOAONno

PARAAETLR PLBY2%1,.870796127,AKUUT220,7073067810

REAL X(N)

ANGEPIBYI/N

CC=COS(ANG)

SSaZLINLANG)

NrYrsN/2

WFFT2anFFT/2
c

C PERMUTE PNPUT ARRAY
c

VU LV Is2,m8FP T2

THPSACLENFFT)

AlLLomeFT )L (Nw1e])
v KiNeled)sTup -
c

C PRLPANE QATA
¢

cisCC
S1=8s
A(L)SX{1}*HNULT 2%0
RINFFT+)ISX(NFFT+1)0HROOTIN
00 20U 132,0FFT
Xisx(i)em
TISALLI4NFFI)ON

. R{L)m(XLICLen1e8L) 00,5

X{LeNPFT)B(X1488=YI0C1200,) B
T4P=C19CC~51%35
SlaCle854514CC
Clatay

'

o

TAKR REAL INVERSE FFT

CALL RFFEY(K,N,=1)

PEKMU L, OUTPUT ARMAY ’

Goon annw

00 30 18] ,WFFT2
TAPaXLL+NEFT)
K(EenrpriskiN=}el)
v Aln=le))sTnp
s CALL ATIP2(XN,=1)
Rt furn -
LML -

*

4,
YUL, J6 NO. & JUNE 1978

Nobi, & MUST BE A POWER UF 2 NUP GREATER THAN 2048
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SUBRUUTINE MTLIPI(AN,IFN)
14701714 J, CUSIA

1hHOU TKANSPUDRS FHE NATKRIR A(4)N/72) IN PLACE
EPNCY TRAMSPUSES Lbik MATNIR A(N/2,2) Ln PLACE
HeAL A(1)
CFLAR N, LU0 ) RETURN
nist
(YL YITY]
Lo (260 NIRETUNRN
wisw/ad
IR CAFNCT OICALL HTZ1 (A, nL,N2)
AECIFN, LT v)CALL HT21 (A, nd,N1)
Gu t0 1
‘*u - o

BUBNUUTINE RE2)(A,NY,N2)
IRANGPUSES TUHE 202 SUMNATRICLIE Ub A NION2 MATNIR )

REAL A(WI,Nn2)

00 L JELN2,2 ‘

wy ) Isi,nl,d

Isa(ler,Ji 4
Al(Bel,d)sAtl,de))

Atldei)s

e JUKRN
Lhy v
SUBRUUTINE QUANTIZL(R,Q,LEVELS) ¢ :

10704779 g, BSLUAN

KOUTING TU QUANSIZL X USING QUANFIZER O
X = UN INPUES YARIAGLE TU WE QUANTEZRD
= UN UUTPUTT QUANTLLZED VARIABLE
O - UUANTIZER AHKAT OF UUTPUT LavhLS (BHEAK PUINIS ARL .
AALF @AY WKTWEEN UUTPUT LEVELS) S »
LNTELSe NUNSLH UF LEYALS LN GUANTIZEN

RhAL v(LeYeLS)
AInfuuLnes L,

Let
usLeveLs i

H l=(Levy/E

s (X=U(L})Iv, 80,40

W uEle)

1P (ULALIGU TO 20
lef~)
GV TU 50 4

\
Lelv) . oy :
1HLU.GG L0 T8 20§ y

1P 11.GT.0)6U U o0 N
AU )
ne FURN

AFL1.L1.LEVELSICO fU 2O
A8y (LA VELS) .
Ra FUns .

rs{u(lisutiel ) jen,s

IF{A,bh.TIRSNLL) )
IViL.Cr,T)andtied)

ML TURN ' . -
(Y1) .
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FREE 2

T

N
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SUBMUUTING KIET(X N, EEN)

4 : 13708718 0,
L -
C RUUIINL TU DU A REAL FFT IN PLACL
('} C Sab RLTRFA ULSCHIPTION FUR DATA ORDERING
E ) ¢
¢ 1z = DATA ARRAY
¢ WUTES % SHOULD BE A PUWKR UF 2 RANGING FROW 2 TO 2040
c « ~ DINGNELON OF X
C IFN = IwPUP PARARKTIR TU VETEHNINE DIRNCTION OF THE THANEFURN
¢ AF LFn > 0, X I3 COMSIUEKED A8 THK Ties SERILS O L1NPUT
¢’ AND THE FRLGUENCY POINTS OB UUTPUT
c I¥ 1PN ¢ 0, X 18 CUNSILLR A% THE FREUGUENCY ROINTS O INPUT
. c AND THE TIME SERIES UN UUTPUT
c .
! ReAL X(N)
LFN.LE.2 JUR. N.CT.204))RETURN
4 .
LIS PLd Ve o
(Uit w L P, 0000 TO 10
: c
) . C CORWARD TRANSFOKN
c

CALL WELPY(A,N,¢3)
CALL VFFT(A, R(NBY2¢1),NUY2,¢1)
CALL RLTKHPA(X, X (NBY2¢1),N8Y4,1)

c
RLTUKN

c

C InVEKSe THANSFURM

[«

1

v CALL RLTNEN{X, X(NUY2¢1),NBY2,~1)

CALL VFETUA,RINBY2¢1),N8Y2,~})
CALL WEIPZ2(X,M,~1]

\

¢

KL TURN .
< LMD

SLUAN

-
, : ' 4 |
- 1
. . .
o Fl
. v < O i
N 4 )
. -
) N . ;
7y -
- v < '
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SUBRUUTINE NLIXKPN(A, Y, mhb,iPN)
137190774 Fo NABAL
PURRAKD VIBCKLTE FUURIER Fhanstunn o

16 1EN 1S CHEAIRK THAN ZhKU, THIb SUBROUTINE CONPLETLS THE u1SCRETE
FUURILR THARDIUKN OF 25% KpAb DATA POINTS. THE FIRST STEP IN THis
PAUCLEES 18 FU REAKKAMGE THe DATA SU THMAT 1T 18 STURED n.n.nuuu
IN THE AMKRALS 4 AND Y, LLY THh LNPUT HEAL SLOUENCE BE
A1) anld)seae s AlE¥d]), THESE YALUGS AKE STURED -IN THE ARMAYS X AN .
Y In Ik POLLUCING UKURER,
. All) - 1{1)
ac2) - 101)
(Y%} - K(INC+1) , -
a4 - T(INC+1) ‘ 3

<

saw LE N

AL29M=1) = K(INC®(N=1)¢l)

AGdoH) = ((INCO{N=1]¢1)
THE WLAT BIEP 15 TO TRANSFUNM THL DATA UBING A COMPLLX DISCRRTR
FUURILR TRANSFUNA OF LANGTH M. THL FINAL STLP IS TO CALL THIS
SUBNOULIAL [U CUAPLALTE THE TRANSFOMN, LET THE Nel CORMPLLX
UUIPUT VALUES Bh CARC1),AL(d))see.s LARCHSLD,ALENOL)). THESE
UGUTPUF VvALULS ARE STURLD A% YuLLUWE,

AR(L) = K(1)

KRLT) =~ KCINCHL) .

AREN) = AULACO(N=1)91) ¢ v

ARINGL) « ¥(1)

ALCL) = Y(INC+1) -

ALCI) = XUINCP2¢1) .

AL(N) = YOINCS(W=1)41)
NUIL 1HAT AR(N®1) 1S STUKLU IN THL PLACE THAT wODbo' WORMALLY Bb N
ReaenVeB.FUR AL(1). TMIS 13 POSSIsLL SIWNCE AL(1) (AND AL(Ne1)) AP .
KAOwa A PRIORL [0 BE ZERO. A TYPICAL CALLING SEUGUENCE 13 AS FULLURS,” -

HCLSINCS (Ne1) 4] - .

CALL YPFT(L, 1, ML, ¢LNC)
CALb HLINFRL, Y, NEL,+LNC)

InvenSE DISCHLTE FOUMIER TRANSPUMA - '
YY) m__nfs(s THAN 20RO, THIS SUNROUTIKE PREPAHES THE nm&@ (
LYALUATING AN INVERSE DISCRLIL FUURIER TRANSFORR THAT RESULTS LN R
49%n HLAL DATA VALULS. LET Wk del COAPLEX 1NPUT YALUKS ¥E
CARGIJoALUID ) s caa e KAR(H#1) ,ALEN®L)), IF THEEC YALUES ARE TO RANULT ,
1o A REAL SeUWENCEL AFTER THE LNVLREC DISCREYE FUUNEIER TRANSFURM, ? e 85T
AL{1) AND ALl(Nt1) WUST BOTH ¥& ZLRO, INE REMAINING 20W DATA
VALURS (W) NEAL COMPORENTS ARD Wel [MAGINARY CONPONENTS) AKb -

SIURED [N THK ARHAYS X AND Y AS FULLOWS, “w
ARC1) = £i1) . b "
ARt2) o X(INC#Y) '

-y

-

cee cee .
ARIN] = AUINCH(N=1)41) h
AR(NEL) = 101D , N
ALCd) = T(INCeY) .
AL(3) = (LINCI2ey) y . .
ALEW) = YLINCH(Ne1)11) .
NUTE IHAT AK(Nt1; I8 STURLD IN THAE PLACK THAT WOULD MUMMALLY Bk é 4
RLSANYAD FUK AL(1). TMLS SUBROUTINEG L8 THEN CALLLD TU PRAPARL é’(/
THA UAIA FUR THL INVENBE DISCRETE FUURLIER TRANSFURM, THL UUTPUT ‘
OF THE INVRMSL TRANSFORN CUNTALMS TNC 288 DLSINLD NEAL DATA PulwTs
STOMAD ALTALHNATELY IN Tih ANKAYS X AND Y. LAT THE 208 RRAL DATA o
POLNTS WE AC1) A7), 00. Al éSh), THESE ARKE BTURLD AS FOLLUWS, ! -
at1) - it ] - }
Al2) - 1t1) :
atd) ~ X(INC*1) v
Al4) - 101N0e1)
[ XX e 4 .
AL2%8=1) = L{INCO(N=})e}) R
ALIOd)" & ((INCE(M=]1)01) ?
A TIPICAL CALLING BEQUENCL 1§ AS FOLLOWS. o ] .
NELSINCo (N=1)¢) n . —
CALL WLERPMUX, 1, NEL,=1N8C) ¥
- CALL YWFTU(X,X,0EL,=INC) ’

Ve

BUSADUTINE PAKAMRILRY = %

3 = % VALULS, INE UUD MURBALRED ELLAENTS OF AN ARRAY OF REAL DATA ( +
UR THue KkRAL PANT CURPLEL DATA 7

4 = N VALUEL, THE EVLN RUADLRAO CLENENTS OF AN ARRAY UF REAM DATA '
UN Tnt 1AAGINARY PANT OF COMPLEA DATA

NEL & TAK AMMAYS X AND Y ARE XACH DIAENSLONED WEL, WAERE ! -

'\,} HalLsinCo(ne) )i, AbP o 15 THE NURNBER OF POINTS 1N THE ;"

ﬂﬂnnﬂhnnnnortnnnnnﬁnunnnnn’on‘nnnnnnnnnnnnnnnn{xnnnnnnnnnnnnnnnunnnnnnnnnnnnnnnnnnnnnnﬁnnnnnn
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