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- INTRODUCTION

In Volume 1 of this thesis reference is made to.five
appendices where the details of points which are of particular
interest can be found.

The appendices concerned sre all included in this volume,
However, before attempting to read any of these appendices the
reader is advised to_consult the relevantlparts of the ﬁain thesis
in Volume 1., This point is particularly important in the case of
the readers who wish to either use, or just fully understand the

contents of appendices B sand E.
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APPENDIX A

Determination of the time coristant of the SCALE forward path integrator

The block diagrams shown in Fig. (Al) and (A2) represent Delta-
sigma end the linear Deltamodulator, respectively.l It can be seen that

the Delta-sigma decoder — unlike the linear Deltamodulation decoder -
has no RC integrator; but instead the %ntegrator has been removed to
the forward path of the encéder.

Johnson(hg) shows that for a linear Deltamodulation system - having
a sampling frequency fp’ a minimum peak-to-peak feedback step height 4,
e binary output sequence L(t) with voltage levels *V and a character-

istic frequency fl = 1/2nClR ~ the total mean square guantization noise

1
voltage Ni (at the decoder output) is N
5 bnv2elr
= 1l a
NS = —e—_——= (1)
4 3£ '
-3t

'fa being the upper cut-off frequehcy of the decodef 6utput filter F2.
It is assumedﬂthat fa >> £ (the lower cut-off fregquency of Fe).
Johnson arrives at the above relation'assuming that the spectral
distribution of the totsl error signal is of the form (sinx/x)2 with
the first null at fPHZ as shown in Fig. (A3). |
‘ For the linear Deltamodulation system the overload characteristic
end total quantization noise power (on 4B scale) as functions of the
signal frequency ere of the form shown in Fig. (AlL).
Johnson points:out that when the input signsl amplitude is less
than d/2 the idling pattern (010101,,.) will not be disturbed and thus

no coding will take place. For this reason the situation when the

amplitude of the input signal is equal to d4/2 is called the threshold
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of coding. The threshold of coding must of course be above the
quantization noise power level and is a factor for determining the
lover limit of the input signal.

For fp = 20 Kb/s, and B = fa - fb
minimum threshold of coding should be in the range of 5 dB. This

= 2.4 KH, Johnson suggests that the

corresponds to fp/fa = 8.5,

In the case of Delta-sigma modulator the overload and the threshold
characteristics, as fnnctions of frequéncy, are of the form shown in
Fig. (A5). The overload level is at V for 8ll input frequencies and
independent of all other parameters. This is because the omission of
the integrator at the decoder produces a 1lift.of the higher frequencies
which compensates for the attenuation caused by the encoder forwérd path
integrator. As a result of achieving flat overlogd characteristic the |
other chafacteristics are also modified. The quantization noise spectrum

is no longer flat, but rises at 6 dB per octave above f The thfeshold

1°
of coding is similarly modified. To account for these modifications
resulting from the émission of the integratof from the Deltamodulato:
decoder (and reinserting it in the encoder forward béth), the following
approach is adopted. This approach was first suggested by Johnson, and
iater by Cartmele and Steele(35). It proceeds as follows:

Instead of using (d2/3fp) as the energy density of the quantization

. noise, we use the frequency dependent expression

. 2,2, .2 s 3_ .3
2 a (fl + £°) ) b 2y2 2 (fa rb) (2)
q 2 | a3 | Ve 3
30 P

(See also equations (2.6), (2.19) and (2.21) in the text.)
Comparison of equations (1) and (2) above shows that when

fifa >> (fz - fg)/3 the quantization noise at the output of the Delta

and Delta-sigma decoders are identical, When fifa << (fz - fg)/B

the Delta-~sigus quaniization noise Lecomes constant and independent of fl.



Thus for optimum coder operation we should aim for fl vhich
is just large enough to cause the quantization noise to begin
to rise,

For this Johnson suggests the relation

2, .1 ..3_.3 '
10£1F, 3 (fa fb) (3)

This results in a forward integrator time constant given by

T = C.R = = ' )

(16,17)

Wilkinson suggests a similar relation for syllabically

companded Delta-sigma modulation systems in which

T 1 | (5)

Such time constants result in approximately 1 dB increase in

quantization power sbove its minimum value.



APPENDIX B

This appendix is devoted to the listing of FORTRAN programs and

- suhprdgrams which were used in the computer simulation experiments

discussed in this thesis. | ‘ .

To facilitate the understanding, and the use, of these routines
| by the reader a flow chart is providéd whenever necessary, esch
routine is briefly described and the meaning of the main parameters
employed by the routine is explained. The FORTRAN statements are
then listed,

Before reading this appendiz the reader should refer to the relevant
parts of the computer simulation sections in Ciapters I, 1, v, VI
and/or VII,

A list of the subprograms included in this éppendix is givén.

below.



LIST OF THE SUBPROGRAMS INCLUDED IN APPENDIX B
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1. SUBROUTINE SIGNAL

The functidn of this subprogram is to generate step waveforms
of assignable magnitudes and sinusoids of assignable magnitudes and
ffequencies. The subprogram is executed when the following statement
is encountered in the master segment:

CALL SIGNAL (N, XT, A, JF, JA, JB, FP)
where

N The number of stegs or sinewave samples to be generated

XT = A real srray where the output samples are stored

A A real array where the amplitude samples of the sinewaves
or step waveforms are stored.

JF, JA and JB are integer variables, the values of which are defined in
the master segment beforé the CALL statement., When JB > 0 a step
wvaveform is generated. The magnitude of the step is decided by the
value of JA, e.g. when JA = 1, the step magnitude is 1.5 volts and

it is equal to 3 volts when JA is made equal to 6. When JB § O the
vaveform generated by the routine is a sinusoid, the frequency and

" gmplitude of which are deterﬁined by JF and JB respectively; e.g.

wvhen JA = 6 and JF = 1 the waveform generated is a sinusoid with

amplitude of 3 volts and frequency of 300 Hye



YES

10

SET CONSTANTS : Fp, N, JA, JF, JB
JA= 6 JA=5 JA=L JA=3 JA=2 JA=1
T, 1L k4 ‘ v
— 3 2 ¥l
A(M)= A(M)= A{M)= A(M)= A(M)=
3.0 2.h 0.0 0.05 1.5
NO NO NO NO
. M<H
YES ES YES YES
Y Y ! 1Y <
M M = M= _] M= J
M+l M+1[ M+ 1 M+ 1
~ —q . -t
PI = 3.1h.c...
JF=6 JF=5 JP=l JF=3 JF=2 JF=1
116 !,15 Lh L3 $12 L
FS = FS = FS = FS = FS = FS =
4000 3400 3000 2400 1000 300
'S D S T ¥
. o
RATIO = FP/FS
M = 1
3
XT(M) A(M)*SIN(2.0*PI*¥M/RATIO)
A
20 \ 20 yes |, .
RETURN < M < N? oA o
Figure Bl Flow chart of "SUBROUTINE SIGNAL"
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SUBRQUTINE SIGNAL(N,XT,A,JF,JA,JB,FP)
DIMENSION XT(N),A(N)
PI=3.141593 |
6o 70(1,2,3,4,5,6),JA
1 DO55M=1,N -
55 A(M)=1.5
GO TO 10
2 DO56M=1,N
56 A(M)=0.05
G0 TO 10
3 DOS7M=1,N
57 A(M)=0.0
GO TO 10
4 pos58M=1,N

58 A(M)=2.0

G0 TO 10
5 DOS9M-1,N
59 A(M)=2.40
GO TO 10
6 DOG6OM=1,N

60 A(M)=3.0

10 IF(JB.GT.0)GO TO 20
go 10 (11,12,13,14,15,16)},JF
11 FS=300.0
GO TO 17
12 FS=1000.0
GO TO 17
13 FS$=2400.0
GO TG 17
14 F8=3000.0
GO TO 17
15 F8=3400.0

Ll



GO TO 17
16 FS=4000.0
17 FRATIO=FP/FS
DO18M=1,N
TK M
XT(M)=A(M)*SIN(2.0*PI*TK/FRATIO)
18 CONTINUE
20 RETURN
END ,

12



2, SUBROUTINE SPEECH

This subprogram was designed to fetch 200 samples of a speech
-waveform which has been sampled at a frequency egqual to 9.6 Kb/s and
stored on a magnetic tape., When these samples are recovered they are
opersted upon by the subprograﬁ to double the sampling frequency"
(using interpolation techniques) and subsequently filtered to produce
the waveform shown in Figure 3.3. The actual values of the samples
in millivolts, as read from the magnetic tape are listed in Tgble Bl.

The subprogrem is executed by the computer when the following
statement is encountered in the master segment: |

CALL SPEECH {INPUT, INPUT1, INPUT2, XT, CLP, ISAMPL, NSAMPL,

HREAL, NOUT, XTF, NHALF1)

wvhere the arguments have.the following meanings:

INPUT'= An integer array for storing 100 speech samples

INPUTL, INPUT2 .
XTF ' }= Arrays which are used as working spaces

. CLP = A real array for holding the time in clock periods

ISAMPL.= The number of samples to be'}eturned"to the master segment
NSAMPL = The number of coefficients in the filter impulse response
NHALF1 = NSAMPL/2

NOUT = NSAMPLE + ISAMPL - 1

HREAL, = A real array for storing the samples of the filter

impulse response.

13



‘ START >

Set constants Locate speech samples on I = I+1
the tape and read two ]
SIGMA, ISAMPL,
NSAMPL. NOUT 610 records 100 samples - 619
NHALFI’ T = i Pt each (see Table Rl)
’ | 6O% | REap mPUT(T), T = 1,200 3
605 INPUT (I) =
GAMA = 1 ‘ \ INPUT (I)/100
INPUT(J) = I=1,
- D%
INPUT(T) JE2M lmeune(1) = |
- T4 vpuT (1) /2 [
NO
T=I+1 - I < 200 :
602 meur2(J-I) ,-»J
J = 2¥] T— %= (INPUTL(I I=I+1 I=1
+3 INPUT2(J) -
- Y
CALL CONVOL NO CXT(I) =
to Convalve Filte® I<ISAMPL -INPUTQ(I)
Impulse Response ?
HREAL(NSAMPL )with 2 :
input samples and
produce XTF(I) - 600
I=1
] { .
34 3 I=1+1 WRITE(2,1)
o : INPUT(T), TN~
Equalize Filter UT2(I),I=1,
Delay and dis- - ISAMPL
to:Etion ] .
xo(1) = ' RETURN
XTF( IT+NHALFL ) *GAMA P

Figure B2 Flow chart of "SUBROUTINE SPEECH"
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SUBROUTINE SPEECH(INPUT,INPUTI,INPUTE,XT,CLP,ISAMPL,NSAMPL,HRE!
1NOUT, XTF, NHALF1 )
REAL INPUT1
REAL INPUT2
DIMENSION INPUT(100)
DIMENSION INPUTI(420)
DIMENSION INPUT2(420)
DIMENSION XT(TISAMPL)
DIMENSION CLP(ISAMPL)
DIMENSION HREAL(NSAMPL)
DIMENSION XTF(400)
-DO610T =1,590
READ(6 }INPUT
15 FORMAT{1H ,I3,I10)
610 CONTINUE
READ({6 ) INPUT
DO604I=1,100
604 INPUT1(I)=INPUT(I)
READ(6 ) INPUT
DO605TI=1,100
605 INPUTT(I+100)=INPUT(I)
D0619I=1, 200 .
INPUT1(I)=INPUT1(I)/100.0
- 619 CONTINUE
INPUT2(1)=INPUT1(1)/2.0
DO601I=1,200
J=2xT
601 INPUT2(J)=INPUT1(I)
DO602I=2,200
L d=2x1
- 602 INPUT2{J-I1)=(INPUT1(I)+INPUT1(J))/2.0
DOG00T =1, ISAMPL
XT(I)=INPUT2(I)
600 CONTINUE
CALL CONVOL(NSAMPL,HREAL, ISAMPL, XT,NOUT,XTF)
DO34I=1,ISAMPL :
XT (I )=XTF( I+NHALF1 ) *GAMA
34 CONTINUE
REWIND 6
RETURN

END . 15



Sample Number

within a group

Group
Number 1 2 3 i 5
1 0.19 0.20 0.15 0.09 -0.02
2 -0,07 -0,01 0.0k 0.05 -0,02
3 ~0.09 0.02 0019 0.22 | 0.18
L 0.14 0.00 -0,09 ~0,02 0.00
5 -0.16 -0.29 -0.29 —0,11' 0.12
6 0,10 - —0.06 -0.10 -0.08 =~0.06
7 -0.80 -0.16 ~0.25 -0.22 -0.14
8 -0.12 -0.07 0.10 0.26 0.24
9 0.06 ~0.07 ~0,08 -0,10 -0,k
10 0,03 0.13 0.00 0.3 -0.49
11 -0.48 -0, 40 ~0,30 -0.20 -0.10
12 -0,03 -0,06 -0.12 -0.08 0.11
13- 0.26 0.2} 0.03 =0.17 -0,22
1k -0.16 -0,1% -0.31 -0.37 ~0.h41
15 ~0,45 —o,28| 0.07 0.28 0,20
16 0.06 -0.08 -0.22 -0,23 -0.05
17 0.15 0.12 -0,10 -0.20 -0,05
18 0.05 0.00 | ~0.06 -0.03 0.06
19 0.13 0.16 0.22 0.27 0.20
20 0.06 0.07 0.21 - 0.19 0.00
Table Bi A record of 100 speech samples on magnetic tape

(Record 1)
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Sample Number within a group

Group
Number 1 o 3 L 5
1 -0.18 -0.15 -0.,02 0.0k 0.0k
2 0.02 -0.08 -0.28 -0, 32 ~0.15
3 0.23 0.4T 0.43 0.26 0.13
i 0.12 0.1h 0.07 - =0,02 ~0,07
5 -0.16 -0,23 -0.20 | -0;13' - -0.13
6 0,16 -0.23 -0.31 -0.26 -0.03
T 0.39 19 | 2.29 | 2.6k 1.3
8 128 ~1.08 69 | -305 | -1.13
9 —0.47. ~0.68 ~0.90 ~0.59 0,55
10 2,07 3.07 2.88 1.28 -0.48
1 -1.03 -0.25 0.55 0.54 | . -0.30
12 ~1.40 -1.83 -1,21 | -0.01 0.89
13 0.68 ° -0.16 -0.33 -0.39° 0,91
14 0.75 0.32 -0,08 =0.30 -0.25
15 -0.03 0.38 0.3k -0.16 | -0.5b
16 -0.57 0.25 0.5 0.2k -0.10
17 -0.22 ~0.09 0.1k 0.29 0.22'
18 -0,10 -0.30- ~0,15 -0.03 -0.2k4
19 ~0.33 047 2.23 | 3.8 3.72
20 1.76 -1,12 -3.84 -4.73 -3.25
Table Bl A record of 100 speech samples on magnetic tape
cont (Record 2)
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3. SUBROUTINE GAUSS2

-

This subprogram generatés a signal with.Gaussian probabiiity
distribution, It maskes use of the computer library function GOSAEF.
(see Chapter III Section 2.3.c). It generates the wide band Gaussian
signal and then bandlimits it.by low—pass filtering it. The'ca11"
statement for the routine is: |

 CALL GAUSS2 (NSAMPL, HREAL, ISAMPL, GNOISE, KOUT, BI;GNSE, MU,

| DEMNL, JZ, SIGMA, XT, DEMN2, RMSNE)

where ISAMPL, NSAMPL, NOUT and HREAL have the meanings given in

Section 2 of this appendix, and:

GNOISE = A real array holding the wide band Gaussian signal
samples

BLGNSE = A real afray holding the filtered Gaussian signal
samples

SIGMA = The standard deviation of the distribution

MU - = The mean of the distribution

RMSNE = An array for holding the r.m.s. values of the

| bandlimited waveform

DBMNL } - Arrays for holding the value of the bandlimited wave-

DBMN2 © form_in dB.when the source impe&ance is 1 Ohm or 600 Ohm
respecﬁively.

JZ = A constant usedlas a switching parameter (see

FORTRAN listing).

18



START

Pass constants down: MEAN = 0.0 GNOISE(I) =
NSAMPL, ISAMPL, NOUT, MU, SQUARD = 0,0
SIGMA, J2, JK,... ete. —&- MJ =0 - ] gggﬁl;(w’
Pass arrays HREAL, GNOISE I =1
BLGNOISE, XT,... etc.
CALL CONVOL (s4.vs) to g I = I +1
Convalve Filter impulse
response HREAL (NSAMPL) with S
the Gaussian signal GNOISE )
(ISAMPL)to produce band NOUT = NO I
limited Gaussian noise 4—— (ISAMPI, + < ISAMP
. aJ_ ?
sign | NsaMPL + 1)
! .
KM = (I} = KM =
(NsaMPL/2) - o | [BLGNSE(XM-I) " KM + 2
I = I+1 <
b — g
' led 1 = 1
I= XMEAN = MXEAN + XT(I)
= ¥*%
141 SQUARD = XT(I)**2
I
YES
< I < ISAMPL
NO
XMEAN = IMNSQ = ~ SBMNL = DBMNZ =
XMEAN/ QUARD/ISAMPT, | 10, 0*ALOGLO(XMNSQ) | 10.0*¥ALOG10
-~ ISAMPL : ' (>XMNSQ/0.6)
Figure B3 Flow chart of "SUBROUTINE GAUSS2(....)}"

19




SUBROUTINE GAUSS2(NSANPL,HRZAL

1831

1DENHIL,
132, SIGMA,

1XT, DBMN2,

1 RMSNE )

REAL MU ‘
DIMENSION HRTAL(NSAMPL)
DIMENSICON XT(ISAMPL)
DIMENSION BLGNSE{NOUT)
DIMENSION GNOISE(ISAMPL)
MU=0, 0

¥MEAN=0.0

SQUARD =0, Q

DD1I=1,ISAMPL
GNOISE(I)=GOSALF (MU, STGMA )
CONTINUE

NOUT =NSAMPIL+TSAMPL~1

s LOAMPL GROIEE, ROV, ZE.0K

CALL CONVOL(NSAMPL,HREAL, ISAMPL, GNOISE, NOUT, BLGNSE)

KM=NSAMPL/2+2
DO2I =1, ISAMPL,
XT(I)=BLGNSE(KM-~I)
KM=KM+2 :
CONTINUE

60 TO(5,6),J2
DO3I=1,ISAMPL
XMEAN=XMEAN+XT (1)
SQUARD=SQUARDHXT (I } %2
CONTINUE
XMEAN=XMEAN/ISAMPL
XMNSQ=SQUARD/ISAMPL
RMSNE=SQRT { XINSQ)
DBMNL=10, 0*ALOG1 0 (XINSQ )

DBMN2 =10, 0*ALOG10(XITI8Q/0.6 )

RETURN
END

20
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4, SUBROUTINE NLOGN

The function of thié subprogrem is to accept a block of data
and pefform the Discrete Fast Fourier Transform (DFFT) or the Inferse
Discrete Fast Fourier Trensform (IDFFT) on it as required. The cell
for the subprogram is:

CALL NIOGN (N, X, LX, DIR)
where

X = A real array which holds the input data when the stbprogram

| : is called., At the end of the execution of.the subprogram
"X holds the transformed data block.
Lx = The number of data samples held in X,
o= log, (LX)
The DFFT or the IDFFT operation is performed depending‘on vhether

DIR = -1.0 or 1.0 respectively.

21



Q Q Q Q

SUBROUTINE NLOGN(N,X,LX,DIR)
'COMPLEX X,WK,HOLD,Q

DIMENSION M(25)
DIMENSION X(LX)

D0 1 I=1,N

M(I)=2#% (N-I)

DO 4 L=1,N

NBLOCK=2+#* (L=1)
LBLOCK=LX/NBLOCK
LBHALF =LBLOCK/2

K=0

DO 4 IBLOCK=1,NBLDCK
FK=K

FLX=LX
V=DIR*6,28318531*FK/FLX
WK=CMPLX{COS(V),SIN(V))
ISTART =LBLOCK* ( IBLOCK~1)
DO 2 I=1,LBHALF

J =ISTART+I

JH=J+LBHALF
Q=X(JH)*WK
X(JH)=X(J)-Q
X(F)=x(J)+Q

CONTINUE

D0 3 I=2,N

II=I .
IF(K.LT.M{(I)) GO TO &4
K=X-M(I)

K=K+M(II)
K=0
DO 7 J1,LX

IF(K.LT.J) GO TO 5
HOLD=X(J)
X(T)=X(K+1)

X(K+1 )=HOLD



5 D0 6 I=1,N
II=I
IF(K.LT.M(I)) GO TO 7
6 K=K-M(I)
7 K=K+M(II)
- IF(DIR.LT.0.0) RETURN
DO 8 I=1,LX
8 X(I)=x(1)/FLX
RETURN
END

23



5. SUBROUTINE CONVOL

This subprogrem accepts two blocks of data and produces their
convolution, It is executed when the following statement is en-
countered in the master segment:

CALL CONVOL (NSAMPL, HREAL, LARRAY, YT, KARRAY, YTFTWO)

where
HRFAL = An array holding the filter impulse iesponse.samples
" NSAMPL, = The number of samples in HREAL |
YT = An array holding ﬁhe signal samples to be filtered
LARRAY = The number of data points’in YT
YTFTWO = An array for holding the results of the convolution

of YT and HREAL
KARRAY = The number of points in YTFTWO.
It must be ensured that the length of the array reserved in the

computer for YTFIWO is not less than (NSAMPL + LARRAY - 1).

24



Pass parameters Set constants
FP, FACTOR, DBP, etc, —'—ﬁ , PI, CONST, BWIDTH,
from Master _ TONE
DENOM2=3 (*FONE**¥2¥BWIDTH FONE = 1/2,0*PI*TONE
+BWIDTH¥BWIDTH*¥*2 I | DENOML = 8,0¥PI¥¥2*¥CONST

.

DENOM = DENOML*DENOM2 | _
FACTOR = 3.0¥FP**2/DENOM [ °| WRITE(2,FMT)FACTOR

WRITE(2,FMT)DBP f————1 DBP = 10.0%*ALOGLO{FACTOR)

RETURN

Figure Bh Flow chart of "SUBROUTINE CONVOL"
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10

SUBROUTINE CONVOL(NSAMPL,HREAL,LARRAY, YT, KARRAY,YTFTWO)
DIMENSION HREAL(NSAMPL), YT (LARRAY ), YTFTWO(KARRAY)
KARRAY=NSAMPL+LARRAY~1

DO 5I=1,KARRAY

YTFTWO(I)=0.0

DO 10I=1,NSAMPL

DO10J=1, LARRAY | .

M=I+J~1 -

YTFTWO(M ) =YTFTWO({M )+HREAL (T ) *YT(J)

RETURN

~END
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6. SUBROUTINE FILTER

The function of this routine is to generate the frequency or

the impulse response of a low-pass digital filter using the frequency

]
sempling technique (see Chapter III). The call for it is:

CALL FILTER (L, NSAMPL, ORDER, HORDER, BWS, HRFAL, HCOMLX, FP)

where

HORDER

ORDER

BUS

Fp

HREAL

HCOMLX

NSAMPL

i

¢

i}

]

A real afray holding the frequency response samples

of the filter in the transition band

An integer equal to the number of data points in HORﬁER
An integer dencting the number of frequency samples of
the filter frequency response in the pass band

The sampling frequency

Aﬁ array'holding'the real part ofrthe filter impulse
response samples

An array holding the complex samples of the filter
frequency response samples

The number of data points in HREAL

A parameter which when less than 2 causes the frequency

response to be plotted
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Pass constants _
and variables BCOMLX(I) =
from Master: _ ¢ |CoMPLX(1.0, - .
NSAMPL,ORDER,BW — I =1 f» 0.0) 1=In
HORDER ,HRFAL,, etc 1
X - NO
! .
HCOMPLX(I+BW) = | ¢
= e
=14 COMPLX(HORDER) ,0.0)
| i
I = I+l
[YEs
NUL1 = BW+ORDER+l 1 | meowerx(n) = NULl = NSAMPL/2
NULF=(NSAMPL/2)+1 [#* HCOMPLX(0.0,0.0) NULF = (NSAMPL/2) + 2
I =NUn I=2
4
| -3
- HCOMLX(NULF-I) =
I=I+1 HCOMLX(I)
F
XSAMPI, = 2T <] xsavpL =
XSAMPL/2 NSAMPL
I=1
NULF = NSAMPLA+1
| [=T41 Take the IDFT NULFL = NULL + 1

. CALL NLOGN (I, [P
HCOMLX,NSAMPL,1) : I=1

. ¥ %
HREAL(T) = REAL{HCOMLX(NULF-I))}
HREAL( I+NUL1 )=RFAL{ HCOMLX(NULF-I) )

Figue B5  Flow chart of the low  [MMAG(I) = AIMAG(HCOMLX(NULFL-I)} #
pass digitel filter H1MAG( I+NUL1)=AIMAG( HCOMLX(NULF-J )

routine "SUBROUTINE
FILTER"
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SUBROUTINE FILTER(L,NSAMPL,GRDEH,HDRDER,BWS,HREAL,HCQMLX,FP)
COIPLEX HCOMLX :

INTEGER BW,ORDZ3

INTEGER BRWS

DIMENSION HCOMLX(NSAMPL ),HREAL(NSAMPL ), HORDER (ORDER )
DIMENSION HIMAG(128) , '
DIMENSION FREQ(256)

DIMENSION HHREAL(256)

L=3

IF(L.GT.2)G0 TO2

ELEMNT =FP/NSAMPL

ELEMNT =ELEMNT/1000. 0

XMAX=9.9

DO99J=1,NSAMPL

K=J=~1

FREQ (J ) =K*ELEMNT

BW -BWS

" DO1I=1,BW

HCOMLX (I )=CMPLX(1.0,0.0)

DO3I=1,0RDER :

HCOMLX { BW+I }=CMPLX(HORDER(I), 0.0}

NUL1 BW+ORDER+1

" NUL1 =BW+ORDER+1

NULF=NSAMPL/2+1

DO6I =NUL1,NULF
HCOMLX( I }=CMPLX(0.0,0.0)
IF{L.GT.2)G0 TO 5

DO33I=1,NULF

HHREAL( I)=REAL(HCOMLX(I))
CONTINUE

CALL UTP4C(0.0,10.0,0.0,1.0,5.0,4,0,
1 'FREQUENCY IN KHZ',2,

1'"FILTER RESPONSE!',2)

CALL UTP4B(FREQ,HHREAL,NULF,3)
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NUL1 sNSAMPL/2
NULF=NSAMPL+2
DO9T=2,NULI

'9 HCOMLX (NUL¥-I)=HCOMLX(I)

N

XSAMPL =NSAMPL

 DO27I=1,25

30

31

34

XSAMPL=XSAMPL/2.0 |
IF{XSAMPL.EQ.1.0)G0 TO 8

CONTINUE

L=0

GO TO 5

CALI, NLOGN{I,HCOMLX,NSAMPL,1.0)
NUL1=NSAMPL/2

NULF =NSAMPL+1

NULF1 =NUL1+1

DO30I=1,NUL1

HREAL{ I )=REAL(HCOMLX(NULF1=I) )
HREAL(I+NUL1 ) =REAL ( HCOMLX (NULF-I) )
DO31I=1,NUL1 |

HIMAG (I )}=AIMAG(HCCMLX(NULF1-~I))
HIMAG (T+NUL? )=ATMAG (HCOMLX {NULF=I))
GO TO 34

RETURN

END
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7. SUBROUTINE CODEC

This subprogram can implemeﬁt the hybrid SCALE CODEC on the
ICL 1904A digital computer in FORTRAN IV, The routine can be used
tﬁ‘simulate the encoder or the decoder as required, with the following.
facilities: |

(1) Variable shift register length

(ii) Variable clock frequency
The subprogram is executed when the following statement is encountered
in the master segment:

" GALL CODEC (NPULSE, KAA, XT, OUT, NS, FP, NN, IJJ)

ﬁhere |

¥T = An array holding the samples of the analogue signal to

be encoded

An array holding the feedback signal samples

n

ouT

.

An arrasy holding the SCALE binary data digits

NPULSE = The number of points in each of the above arrays

FP The sampling frequency

NS } Constént integers which are defined in the master segment

NN ) to fix the shift register length employed and the obera-

~ tion mode (encoder or decoder), reépectively; e.g. when
NS = 3 and NNN = 1 the shift register to be employed
consists of 3 stages and the system simulated is an

encoder.

W5 = A switching parameter (see FORTRAN listing)



Pass parameters Store constants: = = 7.
NEULSE,KAA, XT, =1, KB=KC=KD, KE=KF= TP = 1,0/FP,A = 1-B
OUT, NS, KNN 0, T. = 0.0002, T = B = EXP(~TP/T,),

» NS, KN, S 2 M Rt B — P D = EXP(-TP/T)
IIJ,FP from the 0.01, V,=DIFFCE=070, c=1-p 1
Master EZH=3,8 EZL=VC=0,4,VCOM72.1

HMINM=0,025 , HMAX=2.h
| NS? " GRAD = .
Ne=1 N&=0 Ng=3 ns=h (HMAXM~HMINM) /( VCOM-EZL
1 l N = NPULSE
1 r I =1
KF = KE [%E = KD KD = XC KC = KB I
64 NEZ S, T ! 5odt—] VC = CKEZ + D*VC
| KB = KA
NNN=2
' |lvo 2
H = ES

+

GRAD*(VC~EZL)

HMINM

o
e

! IS

YT
H¥*(2%KA~1)

55

DIFFCE = XT(I) -

V1 = A¥DIFFCE+B¥V1

T

EZL

EZ

-

——

Figure B6 TFlow chart of "SUBROUTINE CODEC"
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.SUBROUTINE CODEC(NPULSE,KAA,XT,OUT,NS, P,
2NN,
111J)
DIMENSION OUT(NPULSE)
DIMENSION XT{NPULSE),KAA{(NPULSE)
DATA T1,T2/0.0002,0.010/
DATA KA,KB,KC,KD,KE,KF/6x0/
DATA DIFFCE,V1,VC,EZ/2%0.0,2%0.4/
KA =1
TP=1.0/FP
B=1, 0/Exp(TP/T1)
A=1.0-B
D=1.0/EXP(TP/T2)
C=1.0-D
EZL=0.4
EZH=3.8
HMAX=2. 4
VCOM=2.1
HMINM=0.025
GRAD=(HMAX-HMINM )/ (VCOM-EZL )
N=NPULSE
49 DD50I=1,N
VC=C*EZ+D*VC
¢o T0{6,5,4,3),NS
KF=KE
KE=XD
KD=KC
KC=KB
KB=KA .
IF(VC.GE.VCOM)GO TG 51
H=GRAD* (VC-EZL })+HMINM
GO TO 52
51 H=HMAX
52 YT=H*(2%KA~1)

G0 TC(55,5/ ), MNN

W &= Oy

33



55 DIFFCE=XT(I)-YT
V1=A*DIFFCE+BV1
IF(V1.GE.0,0)G0 TO 53
KA=0
- G0 TO 54
53 KA=1
54 EZ EZL
6o mo(12,10,8,14),NS
12 IF(KA.EQ.KB.AND.KB.EQ.XC.AND.XC.EQ.KD.AND.KD.EQ.KE. AND. KE. EQ.
1KF )EZ=EZH ' : _
10 IF(KA.EQ.KB.AND.KB,EQ.KC,AND,KC.EQ.KD. AND. KD.EQ.KE )EZ =EZH
8 IF(KA.EQ.KB.AND.XB.EQ.KC.AND,KC.EQ.KD)EZ=EZH
14 IF(KA.EQ.XB.AND.KB.EQ.KC)EZ=EZH
OUT(I)=YT
IF(NNN,EQ.2)KA=KAA(T)
IF(NNN.EQ.2)GO TO 50
KAA{I)=KA
50 CONTINUE
IF(IIJ.EQ.1)G0 TO 56
VC=EZL
56 RETURN
END
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8. SUBROUTINE DIRECTION:

In the DSCALE discussed in Chapter V the feedback digital signal
HDi was generated in the computer program by an adaptive Up-down binary
counter AUDBC. The function of "SUBROUTINE DIRECTION" is to simulate
the electronic circuit which accepts the SCALE binary data ﬁ(t),
inspects it, and generates the control signal which governs the direction
of counting (up or down) in the AUDBC. It basically simulates a 3-bit
shift register followed by an exclusive OR.
The subprogram is executed-by the computer when the following
statement is encountered in the master segment:
CALL DIRECTIOﬁ (NPULSE, KAA, IN, DIRECN)
where
NPULSE = A constant_which is defined in.the master segment and
represents the number of SCALE binary digits L(t) to
be decoded,
KAA = An integer array ﬁolding the SCALE binary data stream.
IN = An integer varisble representing the time in clock periods.
DIRECN = An intéger érray holding the légical values of the Up~-
. down control signal generated by the subprogram and
vhich is returned to the master segment every clock
period.
In Chapters V, VI and VII, KAA, IN and DIRECN correspond respectively

" to L;, i and Z (see Chapter V Section 5.6.ii).
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SUBROUTINE DIRECTION(NPULSE,KAA,
1IN,

1DIRECN )

INTEGER DIRECN

DIMENSION XAA(NPULSE),DIRECN(NPULSE)
IF(IN.GT.1)GD TO 4

KA=1

KB=0

KC=0

I=IN -

KC=KB

KB=KA .
IF(KA.EQ.KB.AND.KB.EQ.XC)GO TO 2
DIRECN(I)=0

GO TO 3

DIRECN(I)=1

KA=KAA(I)

IF(I.EQ.384)KAA(1)=0

RETURN
END
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| 9., SUBROUTINE HISTORY

This subprogram was written to simulate the adéptive up~down
counter described in Chapter V Section 5.6.ii(1). Together with
"SUBROUTINE ADDER" and "SUBROUTINE AUCOUNTER"§ "SUBROUTINE HISTORY"
simulates the digital accumulator {(which generates the DSCALE feedback
digital code words Hj; from the SCALE binary data stream L(t) under
the control of "SUBROUTINE DIRECTION')

The subprogram is executed by the computer when the following
FORTRAN statement is encountered in the master éegment:

CALL HISTORY (MCEL, NPULSE, DIRECN, SUM, IN, TEMSUM, NCEL)
"where IN, DIRECN and NPULSE have the same meaning as in subprogram

number 8 ("SUBROUTINE DIRECTION" described sbove) and:

MCEL = An integer array holding the partial contents s, (see
Figure 5.7) of the digital accumilator
NCEL - = An- integer array holding Sc the contents of the binary

up-counter (see Figure 5.7T) . )
TEMSUM = An integer array used as a working space
SUM = An integer array for holding the DSCALE digital code
worde Hbi which is' returned’to the master segment by

"SUBROUTINE ADDER",
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SUBROUTINE HISTORY(MCEL,NPULSE,DIRECN,
2SUM,
1IN,
1TEMSUM,
2NCEL)
INTEGER SUM
INTEGER DIRECN
INTEGER TEMSUM
DIMENSION TEMSUM(15)
DIMENSION DIRECN(NPULSE:)
DIMENSION NCEL(25),MCEL(25),suM(25)
I=IN
IND=0
IF{DIRECN(I).EQ.0)GO TC 19
G0 TO 26
19 DO25IT=l,12
IND=IND4MCEL{II)
25 CONTINUE
IF(IND.LT.1 )RETURN
GO TO 1 |
26 1=
LB=0
20 IF{MCEL(12).EQ.L)GO TO 2
"~ IF(MCEL(11).EQ.L)GO TO 3
16 IF(MCEL(4).EQ.L)GO TO 4
MCEL (4 )<L
GO TO 18
4 MCEL(4)=LB
IF(MCEL(5).EQ.L)CO TO 5
MCEL (5 )=L
GO TO 18
5 MCEL(5)=LB
IF(MCEL(6).EQ.L)G0 TO 6
' MCEL(6 )=L
GO TO 18
6 MCEL(6)=LB :
IF(MCEL(7).EQ.L)GO TO 7
MCEL{T) <L
GO TO 18
7 MCEL(7)=LB | . 28



- IF(MCEL(8).EQ.L)G0 TO 8
MCEL(8)=L
GO TD 18
8 MCEL(8)=LB
IF{MCEL(9).EQ.L)GD TO 9
MCEL(9)=L
GO 70 18
9 MCEL(9)=LB
IF(MCEL(10).EQ.L)GO TO 10
MCEL(10)=L
GO TO 18
10 MCEL(10)=LB
IF(MCEL(11).EQ.L)GO TO 11
MCEL(11)=L
G0 TO 18
11 MCEL(11)=LB
IF{MCEL{12).EQ.L)GO TO 12
MCEL(12)=L
G0 TO 18 .
12 WRITE(2,13)
13 FORMAT(5X, 'OVERLOAD HAS BEEN DETECTED')
G0 T0 18 | '
-3 IF(MCEL(10).EQ.L)GO TO 14

NST=2
CALL AUCOUNTER(NCEL;DIRECN, NPULSE,
1IN, '
25UM,
1NST,
“{MCEL)"
C .
17 IF(MCEL(3).EQ.L)GO TO 15
MCEL(3)=L
¢0 TO 18
15 MCEL(3)=LB
G0 TO 16
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1

21

22

24

2
18

GO TO 17

L=0
LB=1

IF{MCEL(12).EQ.LB)GO TO 16
IF(MCEL(11).EQ.LB)GO TO 24
IF(MCEL(1).EQ.L)GO TO 21
MCEL(1)=L '

GO TQ 18

MCEL (1 )=LB
IF(MCEL(2).EQ.L)GO TO 22
MCEL(2) =L

GO TO 18

MCEL(2)=LB

GO TO 14 :
IF(MCEL{10).EQ.LB)GO TO 16
NST =1

1NST,
1MCEL)

GO TO 17
GO TO 17
RETURN
END

Lo

CALL AUCOUNTER(NCEL,DIRECN, NPULSE, IN,
25UM, ' ‘



10, SUBROUTINE AUCQUNTER

This segment of the program simulates the action of the adaptive
binary counter ABUC shown in Figure 5.7 and described in Chapter V
Section 6.11(1).

In order to execute this suﬁprogram the following statements
must be included in the master segment:

CALL AUCOUNTER (NCEL, DIRECN, NPULSE, 1IN, SUM, SNT, TEMSUM, MCEL)
where DIRECN, SUM and MCEL are respectively the outputs of "SUBROUTINE
DIRECTION"; "SUBROUTINE ADDER" and "SUBROUTINE HISTORY" and represent
the digital binary words Z, Hbi and Sh respectively (see Figure 5.7).
NPULSE and IN have the meanings given in Section 8 of this appendix
and TEMSUM is as in Section 9 above. NST is a parameter which has not
been used and NCEL is an integer array holding Sc (see Figure 5.7),

which is the output of "SUBROUTINE AUCOUNTER".
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SUBROUTINE AUCOUNTER(NCEL,DIRECN,NPULSE,"

1IN,
2SUM,

INST,

12

1TEMSUM,
1MCEL)

INTEGER SUM

INTEGER TEMSUM

INTEGER DIRECN

DIMENSION TEMSUM(15)
DIMENSION DIRECN(NPULSE)
DIMENSION NCEL({25),MCEL(25

I=IN

L=1

LB=0

IF{NST.EQ.2) GO TO 2
IF(NCEL(1).EQ.L)GO TO 1
NCEL(1)=L

GO TO 20

NCEL({1 )=LB
IF(NCEL(2).EQ.L) GO TO 15
NCEL(2)=L

G0 TO 20

NCEL(2)=LB
IF(NCEL(3).EQ.L) GO TO 3
NCEL(3)=L

GO TO 20

NCEL(3)=LB
IF(NCEL(4).EQ.L)GO TO 4
"NCEL(4)=L

GO TO 20

L NCEL(4)=LB

), suM(25)
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11

13
14

20

IF(NCEL(5).EQ.L)GO TO 5
NCEL(5 ) =L -
GO TO 20

NCEL(5)=LB
IF(NCEL(6).EQ.L)GO TO 6
NCEL(6)=L

GO TO 20

NCEL{6)=LB
IF(NCEL(7).EQ.L)G0 TO 7
NCEL(7)=L

G0 TO 20

NCEL(7)=LB
IF(NCEL(8).EQ.L)c0 TO 8
NCEL(8) =L

GO TO 20

NCEL(8)=LB
IF(NCEL(9).EQ.L)GO TO 9
NCEL(9) =L

GO TO 20

NCEL(9)=LB |
IF(NCEL(10).EQ.L)GO TO 10
NCEL{10) =L

GO TO 20

NCEL (10)=LB
IF(NCEL(11).EQ.L)GO TO 11
NCEL{11)=L

GO TO 20

NCEL(11)=LB
IF(NCEL(12).EQ.L)CO TO 13
NCEL(12)=L

GO TO 20

WRITE(2,14) .
FORMAT(5X, 'OVER FLOW IN AUX COUNTER HAS BEEB DETECTED!)
GO TQ 20

RETURN

END
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11, SUBROUTINE ADDER

This subprogram siﬁulaéés in FORTRAN theAaction of a binary full
adder. It accepts the two binary code words MCEL {generated by
"HISTORY") and NCEL (generated by "AUCOUNTER") and produces the sum
and the carry digit of these two words stored in the integer arrsy
SUM (see Sections 8, 9 and 10 above and Figure 5.7 in the text of
Chapter V). |
| This segment is executed when the following stafement is used
in the master segment:

CALL ADDER (NCEL, MCEL, SUM, NPULSE, TEMSUM, NBIT)
where

NBIT = The number of digits in the code word stored in the

array NCEL)
The rest of the arguments are defined in Sections 8, 9 and 10 of

this appendix.
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SUBROUTINE ADDER(NNCEL,MMCEL, SUM,NPULSE,
1TEMSUM,
INBIT)
INTEGER TEMSUM
INTEGER CAR, SUM
DIMENSION TEMSUM(15)
' DIMENSION NNCEL(25),MMCEL(25),SuM(25)
C CLEAR THE BINARY ADDER
DO10IC=1,25
SUM(IC)=0
10 CONTINUE
CAR=0
L=1
LB=0
DO1I=1,NBIT
IF(NNCEL(T).EQ.LB.AND.MMCEL(I)}.EQ.LB)GO TO 2
IF(NNCEL(I).EQ.LB.AND, MMCEL(I).EQ.L.CR.
INNCEL(I).EQ.L.AND.MMCEL(TI).EQ.LB)GO TO 3
IF{MMCEL(I).EQ.L.AND,NNCEL(I).EQ.L)GD TO .4
2 IF(CAR.EQ.L)GO TO 6
SUM{TI}=LE
CAR=LB
GO TO 1
6 SuM(I)=L
CAR=LB
GO TO 1
3 IF(CAR.EQ.L)GO TO 7
SUM{I}=L
CAR=LB
GO TO 1
7 SUM(I)=LB
" CAR=L
GO TO 1
4 TF(CAR.EQ.L)GO TO 8
SUM(T)=LB
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CAR=L
G0 TO 1
8 suM(1)=L
CAR=L
1 CONTINUE
DO9I=1,25
MMCEL (T )=suM(T)
9 CONTINUE

DOSIC=1,15
CRESET (CLEAR) THE ADAPTIVE UP COUNTER
NNCEL(IC)=0
5 CONTINUE
RETURN
END
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12. SUBRCUTINE DAC

This subprogram simulates the action‘of a 12-bit digitalfto-
analogue converter (see Chapter V, Figure 5.8). The input to the
subprogram is a 12-bit binary word stored in the integer array ICEL
and the output is ANALOG which is the decimal equivalent of the input
digital word.

. The FORTRAN statement which causes this segment to be executed
by the computer is: |

CALL DAC (ICEL, ZULU, JBIT, NBIT, ANALOG)

where
ZULU = An integer constant = 2 and is set in the master segment
NBIT = An integer constant representing the number of digits
constituting the digital word stored in ICEL
JBIT = NBIT + 3, & parameter which has not been used

Note that in Chapters V, VI and VII ICEL and ANALOG correspbnd respectively

to HDi and Hi°

AT
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'SUBROUTINE DAC(ICEL,

1ZULU,

1JBIT,

INBIT, ANALOG)
INTEGER ZULU.
DIMENSION ICEL(25)

ANALOG=0.0
DO1JB=1,JBIT

NUMU =JB=1
ANALOG=ANALOG-+( {ZULU ) **NUMU ) *ICEL(JB)
CONTINUE

RETURN

END
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13. SUBRQUTINE INTERPOLATION

The function of this segment is to simulate in FORTRAN the action
of the electronic circuit which accepts the sum ; of 8 consecutive
binary codé words Hb(i+k) (x = 0,1,..77) and produces the average Xi
of these words (see Chapter VI). It simulates the operation of binary
division of the code word ; by 8.

The subprogrem is executed by the computer when the following
statement is encountered: _

CALL INTERPOLATION (STOR, DSTOR, NPULSE, PRINSTOR, LSTOR, NBIT)
vhere NPULSE has the seme meaning as in Section 8 of this appendix and
NBIT is the number of digits in the integer arrays STOR, LSTOR, PRINSTOR,

LSTOR and DSTCR.

STOR = An integer array holding the digital word to be divided.
It is an input to this subprogram
DSTOR =

An integer array holding the result of the division; i.e.
the output‘of the subprogram

PRINSTOR and LSTOR are integer arrays used as working spaces.

Lo
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SUBROUTINE INTERPOLATION(STOR,DSTOR,NPULSE,
1PRINSTOR,
1LSTORE,
1NBIT ) .
INTEGER DSTOR ’
INTEGER STOR
INTEGER PRINSTOR
DIMENSION STOR(15),DSTOR(15)
DIMENSION PRINSTOR(20)
DIMENSION LSTORE(20)
C CLEAR THE INTERPOLATOR
DO2IE=1,15
DSTOR(IE)=0
2 CONTINUE
NSHIFT=3
JBIT =-NBIT+NSHIFT
DO1I=1,20
PRINSTOR(I)=0
1 CONTINUE
DO5I=1,JBIT
~ PRINSTOR(I)=STCR(T)
5 CONTINUE
DO4J =1, NSHIFT
DO3I=1,JBIT |
PRINSTOR(I)=PRINSTOR(I+1)
LSTORE(J )=J
CONTINUE
CONTINUE
DO6KJ =1 ,NBIT
DSTOR({KJ ) =PRINSTOR (KJ)
6 CONTINUE
RETURN
END

=W
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‘14, SUBROUTINE ACCUMULATOR

This segment simulateé in FORTRAN the action of a.digital
accumulator whose contents ére reset to zeros at 8 clock period
interfals. This, together with "SUBROUTINE INTERPOLATION", simulates
the action of the digital interpolator described in Chapter VI,

The subprogram "ACCUMULATOR" accepts the 8 digital code words
representing ku (x = 1,8) stored in the integer array SUM and produces
; the sum of these words at 8 clock period intervals, The outpﬁt of
the segment is stored in the integer arréy STOR.

To execute the subprogram the following statement must be_included
in the master segment:

CALL ACCUMULATOR (suM, STOR, NBIT, TEMSUM)

vhere NBIT is the number of digits in the input code words' storage

array SUM and TEMSUM is an integer array used as working space,
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SUBRQUTINE ACCUMULATOR(SUM, STOR,NBIT,:
" 1TEMSTOR) _

INTEGER STOR, SUM,CARY

DIMENSION TEMSTOR(15)

DIMENSION SUM(25),STOR(25)
. NSHIFT=3

' JBIT-NBIT+NSHIFT

KBIT=JBIT+1

L=t

LB=0

DQ1I=1,JBIT

IF(sSUM(I).EQ.LB.AND,STOR(I).EQ.LB)GO TO 2

IF(sUM(I).EQ.LB, AND.STOR(I).EQ.L.OR.

1SUM(TI).EQ.L.AND,STOR(I).EQ.LB)GO TO 3

IF(SUM(I).EQ.L.AND.STOR(I).EQ.L)GO TO 4
2 IF(CARY.EQ.L)GDO TO 5

TEMSTOR(I)=LB

CARY=LB

GO TO 1
5 TEMSTOR(I)=L

CARY-LB

GO TO 1
3 IF(CARY.EQ.L)GO TO 6

TEMSTOR(I)=L

CARY=LB '

GO TO 1
6 TEMSTOR(T )=LB

CARY=L °

GO TO 1
4 IF(CARY.EQ.L)GO TO 7

TEMSTOR(I)=LB

CARY =L

GO TO 1
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TEMSTCR (I ) =L

CARY=L

CONTINUE

DO8I=1,JBIT
STOR(I)=TEMSTOR(I)
TEMSTOR(I)=0

CONTINUE

INDICATOR <0

DO9I=1,JBIT
INDICATOR=INDICATOR+STOR(I)
CONTINUE ,

IF( INDICATOR.EQ.NBIT)GO. TQ 10
IF (INDICATOR. EQ.JBIT)GO TG 10
GO TO 12

WRITE(2,11)

FORMAT (10X, ' ABSOLUTE OVERLAOD HAS BEEN DETECTED')

RETURN
END
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15. SUBROUTINE FILTUN

The function of this subprogram is to evaluate the transfer
function of the digital interpolator described in Chaptér VI and it
subsequently plots the system response in the frequency domain (see
the theory leading to the digital interpolator frequency response
developed in Chapter VI); ‘

To execute this segment the following statement is inserted in
the master segment after the sampling frequency fP and the averaging
period Nr are stored in the addresses FPP and NARE respectively.

CALL FILFUN (FSS, FUNl, FUN2, FIFSS, FPP, NARE)
vhere FUNL and FUN2 are internal variables and:

A real array holding the output of the segment represent-

FIFSS =
ing the samﬁles of the system f{requency response.
FSS = A real array holding the frequency points corresponding

to the response samples stored in the array FIFSS.
UTPLC and UTP4B are computer library plotting routines.

Note that FIFSS corresponds to |¢(f)]| (see Chapter VI).
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SUBROUTINE FILFUN(FSS,

1FUN1, FUN2,FIFSS,FPP,NARE) _
'DIMENSION FSS(100),FIFSS(100),FUN1(100),FUN2(100)
PI=3.141597654

DO2NEF=1,80

PSS({NEF ) =NEF*0. 800

FUN1(NEF ) =SIN({PI*NARE*FSS(NEF )/FPP)

FUN2(NEF )=SIN(PI»FSS(NEF)/FPP)

FUN2 (NEF ) =NARE*FUN2(NEF )

FIFSS(NEF )=FUN1(NEF )/FUN2(NEF )
WRITE(2,3)NARE, NEF,FSS(NEF ), FUN1 (NEF ), FUN2(NEF ), FIFSS(NEF)

2 FIFSS{NEF)=ABS(FIFSS(NEF))

WRITE(2,3 )NARE,NEF,FSS(NEF ), FUN1 (NEF )}, FUN2(NEF ), FIFSS(NEF)

3 FORMAT(5X,2I10,4F15.3)

G0 TG 5
CALL UTP4c(0.0,70.0,0.0,1.25,7.0,5.0,
1 '"FREQUENCY IN KHZ',2,
1 'FILTER RESPONSE',2)
CALL UTP4B(FSS,FIFSS,80,0)

5 RETURN
END
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16. SUBROUTINE COMPRESSION -

This ségment simulates in FORTRAN the action of the linear PCM-
to-A-lav PCM converter (compressor) described in Chapter VI. It
accepts the linear PCM simulated code words XL stored in the integer
array DSTOR and produces A-law PCM code words Xc stored in the integer
array FINSTOR, The number of digits constituting the linear PCM code
word is set in the master segment and stored in the address NBIT.

When this segment is to be executed the following statement must
be inserted in the master segment:

CALL COMPRESSION (DSTOR, NPULSE, NBIT, LCEL, PRELSTOR, FINSTOR)
where NPULSE is a constant which can be set in the master segment if
needed (not used here) and LCEL and PRELSTOR are real arrays used as

working spaces.,
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SUBROUTINE COMPRESSION(DSTOR,NPULSE,NBIT,LCEL, PRELSTOR,
1FINSTOR) |
INTEGER FINSTOR, PRELSTOR
INTEGER DSTOR
DIMENSION DSTOR(15)
- DIMENSION PRELSTOR(20)
DIMENSION LCEL(25),FINSTOR(25}
MD=0 o
L=
LB=0
DO1I=1,15
FINSTOR(I)=0 -
LCEL(TI)=0
1 CONTINUE
DO3I=1,20
PRELSTOR(T)=0
3 CONTINUE
GO TO 2
DO26MS=1,NBIT

26 DSTOR(MS)=DSTOR (MS+1 )

2 NOSHFT=1
DO4T=1,4
PRELSTOR (I )=DSTOR(I)
4 CONTINUE
‘DO5K=5, 11
- I=K+7
PRELSTOR( I )=DSTOR(K)
5 CONTINUE ‘
MONITOR=11 |
IF (PRELSTOR(MONITOR).EQ.LB)GO TO 8
DOYN=1,3
9 LCEL(N)=L
8 DO6I=1,7
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10
24

7

16
23

22

DO7TK=5,18
PRELSTOR(K ) =PRELSTOR(K+1)

" CONTINUE

IF (PRELSTOR(MONITOR).EQ.L)GO TO 11
IF(LCEL(1).EQ.L)GD TO 12
IF(LCEL(2).EQ.L)GO TO 13
IF(L.CEL(3).EQ.L)GD TO 14
DO15I=1,3

LCEL(I)=0

GO TO- 6

LCEL(3)=LB

LCEL(2)=L

LCEL(1)=L

GO TO 6

LCEL(2)=LB

LCEL(1)=L

GO TD 6

LCEL(1)=LB

GO TO 6

DO25I=1,3

LCEL(I)=L

G0 TQ 6

CONTINUE

DO10I=5,7

JW =Tl

FINSTOR(I )=LCEL(JW)
IF(LCEL(2).EQ.L.OR.LCEL(3).EQ.L)GO TO 16
DO17I=1,4
FINSTGOR(I)=PRELSTCR(I)
CONTINUE

GO TO 18

J=8+MD

DO22K =1, 11

PRELSTOR(K ) =PRELSTOR(K+1)
IF(LCEL(1 }.EQ.1)G0 TO 19
TF(LCEL(2).EQ.L GO TC 20
IF(LCEL(3).EQ.L)GO TG 21
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19 LCEL(1)=LB

20

21

18

MD=1
GO TO 24
LCEL(2)=LB
LCEL (1) =L
MD=2

GO TO 24
LCEL(3 )=LB
LCEL(2 )<L
LCEL(1)=L
GO TO 24
RETURN
END
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17. SUBROUTINE OPERATION

This subprogram interpolates between each T consecutive SCALE
feedback signal values to generate one PAM sample., The interpolation
sfrategy was described in Chapter VI and is basically as follows:.

The subprogram accepts the SCALE feedback signal samples Hi -
stored in the real array HDELIN ~ at a rate fp = 56 Kb[s. It then
inspects these samples and selects the Tnth (n=1,2,3,4.....) sample
to represent all the previous 6 and the present sample. The output
of the subprogram - stored in the real array SAMPLH - therefore con-
sists of constant steps occupying a time interval of T clock periods
end having & magnitude which is the same as that of the appropriate

Tnth

SCALE feedback signal sample,

The "CALL" statement for this segment is:

CALL OPERATION (CLP, HDELIN, NPULSE, SAMPLH, LSAMPL, IIJ, CLPP,
SAMPL) -

vhere NPULSE has the same meaning as in Section 8 of this appendix

and I1J, CLP, CLPP, SAMPL and LSAMPL are internal paremeters defined

within the subprogram and HEDLIN and SAMPLH are the input and output

BYrays.
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SUBROUTINE OPERATION(CLP,HDELIN,NPULSE, SAMPLH,LSAMPL,IIJ,
1CLPP, SAMPLE )

DIMENSICN CLP{NPULSE),HDELIN{NPULSE), SAMPLH{NPULSE)
DIMENSICN CLPP(100),SAMPLE{100) '
CLPP(1)=CLP(1)

SAMPLE(1 ) =HDELIN(1)

KLEVEL =7 | _
D016I=KLEVEL,NPULSE=~1,KLEVEL
J=1/KLEVEL

K=J+1

SAMPLE(K ) =HDELIN{I)

CLPP(K)=CLP(T)

CONTINUE

MLEVEL=7

IM=1

K=1

DO12IL=IM,MLEVEL

SAMPLH (IL )=SAMPLE(K)

CONTINUE

IF(K.LE.LSAMPL)GO TO 11

GO TO 10 -

K=K+1

MLEVEL=MLEVEL+KLEVEL

IM=IM+KLEVEL '

GO TO 13

ABC=8.0

DO8I=1,NPULSE

SAMPLH( T )=SAMPLH (I )+HDELIN(1)/2.0

GO TO 8

CONTINUE

WRITE(2,9)(CLP(I),SAMPLH(T), I=1,NPULSE)
FORMAT(10X,E14.7,10X,E14.7)

ABC=0.0

RETURN

END
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18, SUBROUTIKE ESTIMATE

This subprogram can perform the function of "SIjBROUTINE ACCUMULATOR",
"“SUBROUTINE INTERPOLATION" and “SUBROUTINE DAC". It accepts the SCALE
PAM samples ﬁbi stored in the real array "HDELIN" and produces LPCM PAM
samples held in the real array "SAMPLH". The processing is performed in
the computer using decimal arithmetiec,

| The subprogram was written for converting SCALE PAM samples to LPCM
levels when the line rates of both systems is 56 Kb/s. However, if the
line rate is to be changed to 64 Kb/s instead of 56 Kb/s, both of the
integer variasbles "KLEVEL" and "MLEVEL", and the divisor in the third
statement after statement Number 2, should be equated to 8 instéad 6f T

The "CALL" statement which enables the subprogram to be executed is:

CALL ESTIMATE (GROUPE, HDELIN, NPULSE, SAMPLH)
vhere "GROUPE" is a real arrsy used as a working space and "NPULSE" is

the number of SCALE samples to be processed.
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SUBROUTINE ESTIMATE(GRCUPE,HDELIN,NPULSE, SAMPLH)
DIMENSION HDELIN(NPULSE),GROUPE(NPULSE)
DIMENSION CLPP(100) '
DIMENSION SAMPLH{NPULSE)
IK=1
KLEVEL=7 _
LPULSE=(NPULSE=1 ) /KLEVEL-+
LPULSE=LPULSE=1 '
LSAMPL=LPULSE
D01 I=KLEVEL, NPULSE~1,KLEVEL
J=I/KLEVEL '
CLPP(J)=J
DO2IN -IK, J*KLEVEL
GROUP=GROUP+HDELIN(IN)
2 CONTINUE -
GROUPE(J ) =GROUP
GROUP=0.0
GROUPE(J )=GROUPE(J)/7.0
IK =IK+KLEVEL
1 CONTINUE
GO TO 6
6 AB 0.0
K=1
IM=1
MLEVEL =7
13 D012IL=IM,MLEVEL
SAMPLH( IL )=GROUPE(K)
12 CONTINUE |
IF(K.LT.LSAMPL)GO TO 11
GO TO 10
11 K=K
MLEVEL=MLEVEL+KLEVEL
IM=IM+KLEVEL
GO TO 13-
10 ABRC=8.0
GO TO 7

WRITE(2,3)(CLPP(J),GRDUPE(J),J=1,LPULSE)
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3 FORMAT(5X,F20.5,10%,5720.5)
WRITE(2,4)IN,IK,J

It FORMAT(5X,3I20)
WRITE(2,5)IK

5 FORMAT(5X,I20)

7 DONTWRIT=1,0
RETURN
END
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19. 'SUBROUTINE DECODERD

This segment can perform the function of'"SUBROUTINE DIRECTION",
" SUBROUTINE HiSTORY", MSUBROUTINE AUCOUNTER", "SUBROUTINE ADDER" and
"SUBROUTINE DAC". It simulates the complete Digital SCALE decoder
using decimal grithmetic. The subprogrem accepts the SCALE binary
data semples stored in the integer array "KAA" and produces DSCALE
discrete PAM samples (ﬁi) held in the real array "HDELIN",

The "CALL" statement which ensbles the segment to be executed is:

CALL DECODERD (HDELIN, KAA, NPULSE, HALSTP, IIJ)
where NPULSE is the total number of SCALE samples involved in the pro-
cessing and "HALSTP" is the address where the maximumfstep increment |
A(J,Z) (see Chapter V) is stored.

IIJ is a switching parametef which enables the value of the feed-
back step height ﬁi to be initialized at the beginning of the déFoding

operation.
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- SUBROUTINE DECODERD(HDELIN, KAA, NPULSE, HALSTP,TIJ)
DIMENSION HDELIN(NPULSE),KAA(NPULSE)

DATA KXA,XB,XC,Z/0,0,0,0,0/

HDELIN(1)}=0.0

HDELIN(1)=HALSTP/2.0

HDELIN(1)=0.025

IF(IIJ.EQ.2)HDELIN(1)=HVALUE

FACTOR=1000.0/9.0

FACTOR=1. O/HALSTP

FACTOR =1.0

HATSTP=HALSTP*FACTOR

SEGT 1 =HALSTP*FACTOR*128

SEGT2=2. 0% SEGT1

SEGT3=2.0%SEGT2

SEGT3F=SEGT3~SEGT1

ZH=3.8

DO21I=2,NPULSE

KC =KB

KB=KA

IF(KA.EQ.KB, AND.KB.EQ. KC)GD TO 24

STEP =HATSTP :
IF(ABS(HDELIN(I~1)).LT.SEGT3F )STEP sHATSTP*3.0/4.0
IF(ABS{HDELIN(I-1)).LT.SEGT2)STEP=HATSTP*3.0/3.0
IF (ABS{HDELIN(I-1)).LT.SEGT1 )STEP=HATSTP/8.0
HDELIN(I)=ABS(HDELIN(I~?))-STEP

GO TO 23 |

7=7H

STEP =HATSTP

BCONST =3. OxHATSTP

IF(ABS(HDELIN(I=-1)).GT.SEGT1 )STEP=3. O*HATSTP/h 0
IF(ABS(HDELIN(I-1)).GT.SEGT2)STEP=HATSTP/2.0
HDELIN(I)=ABS(HDELIN(I~1) }+STEP
HDELIN(I)=HDELIN(I)*(2*KA=1)

KA=KAA(I)

CONTINUE

HVALUE=HDELIN(NPULSE)

RETURN

END
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20, 'SUBROUTINE EXPANDER .

The function of this segment is to acceét the A-law PCM compressed
code words Xc stored in the integer array "FINSTOR" and produce the
corresponding LPCM code words stored in the integer arréy "LINEAR".
Also it produces the analogue equivalent of Xi stored in fhe address
"ANALOG".

The subprogram is executed b& the computer when the fellowing
stetement is encountered in the master segment:

CALLIEXPANDER (FINSTOR, LCEL, LINEAR, NBIT, JBIT, MD, ZULU, ANAIOG)
wvhere "LCEL" and "MD" are internal variables, and “WBIT", "JBIT" and
"ZULU" are the arguments of "SUBROUTINE DAC" which is "called" from
this segment.,

"SUBROUTINE DAC" must be loaded into the computer working file |

before "EXPANDER" is "called",

67



SUBROUTINE EXPANDER(FINSTOR,LCEL,LINEAR,
1NBIT, JBIT,MD, ZULU, ANALOG )
 INTEGER ZULU -

DIMENSION LINEAR(25),FINSTOR(25),LCEL(25)

LB=0

L=1

LCEL(1)=L

DO1I=1,25

LCEL(I)=LB

LINEAR(I)=LB
1 CONTINUE

LINEAR(1)=L

DO2I=1,4

J=T+1

LINEAR(J)=FINSTOR(I)

2 CONTINUE

DO3I=1,3

IT=I+4

LCEL( I)=FINSTOR(II)

3 CONTINUE

11 IF(LCEL(2).EQ.L.OR.LCEL(3).EQ.L)GD TO 4
GO TO 8

4 DOSK=1,NBIT

5 LINEAR(K+1)=LINEAR(K)

IF(LCEL(1).EQ.L)GO TO 6

IF(LCEL(2).EQ.L)GO TQ 7

IF(LCEL(3).EQ.L)GO TO 10

6 LCEL{1)=LB

GO TO 11

7 LCEL(2)=LB
LOEL(1)=L
GO TO 11
10 LCEL(3)=LB
LCEL{2)=L
LCEL(1)=L
GO TO 11

MD=1 ,
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8 G0 TC(12,13),MD
12 CALL DAC(LINEAR,
12ULU, JBIT,NBIT,ANALOG )
WRITE(2, 14 )ANALOG
14 FORMAT(10X,E14.7)
13 RETURN
" END
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21, "SUBROUTINE ATODCONV

.'This segment was written to simulate the action of the Linear PCM
‘encoder (Analogue-to-Digital converter) using the successive approxi-
mation technique, It accepts the magnitude and polarity of the analogue
signal stored in the addresses "SIGN" and "SIGSAMPL", respectively, at
Nyquist rate, and produces 12-bit LPCM words at the same rate, The
LPCM words are "returned" to the master segment held in the integer
array "DIGITAL".

The subprogram is executed by the computer when the following
statement is encountered in the master segment:

CALL ATODCONV .(DIGITAL, SIGVMAX, NSMAX, JJJ, SIGN, TEMSUM,

| SIGSAMPL,)

vhere "SIGVMAX" and NSMAX" are respectively tﬂe addresses where the
maximum expected analogue signal magnitude and number of digits in the
.LPCM {1ess the sign digit) are stored. "TEMSUM" is an integer array
used as a working space and JJJ is an integer variable representing

the number of the LPCM PAM sample.
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SUBROUTINE ATODCONV(DIGITAL,SIGVMAX,NSMAX,JJJ,
4SIGN, |

3TEMSUM,

1SIGSAMPL)

INTEGER TEMSUM

INTEGER DIGITAL

INTEGER SIGN

DIMENSION TEMSUM(15)

DIMENSION STEP(25)

DIMENSION DIGITAL(25)

DIMENSICN SIGSAMPL(512)

Q-0.0

L=1

LB=0

NSMAX=11

MSMAX =NSMAX+1

STEP (1 ) =SIGVMAX

IN=JJJ

SIGN=1

IF(SIGSAMPL(IN).LT.0.0)SIGN=~1

SIGSAMPL(IN)=ABS{SIGSAMPL(IN))

DO1I=2,MSMAX
C J=I-1

IJK=MSMAX=J

STEP(I)=STEP(J)/2.0
JIF(J.LT.2)G0 TO &4

LM=J~1

LL=DIGITAL(LM)+1

6o T0(3,4),LL
4 Q=q+STEP(T)

GO TO 5
3 Q=Q-STEP(I)

Ks)



DIGITAL(J )=LB

IF(SIGSAMPL{IN).GE.Q)DIGITAL(J)=L

TEMSUM(TJK ) =DIGITAL(J)

GO TO 1
WRITE(2,6)I,J,LM,LL,DIGITAL(J),STEP(I),STEP(J),Q,SIGSAMPL(IN)
FORMAT(10X,5I10,4F10.3) :

1 CONTINUE

(V)

DO7IQ=1,NSMAX
DIGITAL(IQ)~TEMSUM(T)

GO TO 8
WRITE(2,2)(DIGITAL(K),K=1,NSMAX)
FORMAT( 10X, 11I8)

- RETURN

END
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22, SUBROUTINE COMPARITOR

This segment was written to simulate the action of the forward
path (subtractor, comparator and time quantizer) of the LPCM‘to SCALE
converter, It accepts as iﬁputs the LPéM digital words (XL) stored
in the integer array "DIGITAL" and the locally generated DSCALE digital
words (HDi) stored in the integer array‘"SUM". Its output stored in
the integer array "KAA" is the SCALE binary date stream (i(t)) rep—-
resenting XL in the SCALE format.

The "CALL" statement which enables the subprogram to be executed is:

CALL COMPARITOR (SUM, DIGITAL, ZULU, JBIT, NBIT, ICEL, SIGN,

| ANALOG, VALUE, T1, ERROR1, POL, ERROR, IN, KAA)
where "SIGN" represents the polarity digit of the LPCM word esnd "POL"
represents fhe polarity of "ERROR1", the accumulated value bf "ERROR".
"ERROR" represents in digital form of 12-bit words the instentaneous
difference between X, and Hp.. "IN" is the number of the SCALE clock
period starting from zero time, and "VALUE" and "ICEL" are internal
parameters. |

"T1" is a constant representing the time constant of the SCALE
”decoder which is going to decode the binary data éenerated by the
LP&M—to-SCALE coﬁverter.

This subprogram "calls" "SUBRCUTINE DAC" which,.therefore., mst
be loaded inio the computer working file before this segment is "ealled",
The meaning of the arguments "ZULU", "JBIT", "NBIT" end "ANALOG" have

already been explained (see "SUBROUTINE DAC").
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SUBROUTINE COMPARITOR(SUM,DIGITAL,
. 2ZULU, JBIT,NBIT,
3ICEL, SIGN,
LANALOG, VALUE,
5T1,ERROR1, POL,
1ERROR, IN,KAA)
INTEGER DIGITAL o
INTEGER SIGN
INTEGER ZULU
INTEGER SUM
DIMENSION SuM(25)
‘DIMENSION ICEL(25)
DIMENSION KAA(512) .
DIMENSION DIGITAL(25)
TIN=IN+1 |
FP=64000.0
IDEC=2
TP=1,0/FP
ALPHAE=TP/T1
AE1=1,0/EXP{ALPHAE)
' CALL DAC(DIGITAL,ZULU,JBIT,NBIT,ANALOG)
VALUE=ANALOG
 CALL DAC({SUM,ZULU, JBIT,NBIT, ANALOG )
VALUE=VALUE*SIGN/1000.0
ANALOG =ANALOG*POL/1000, O
ERROR <VALUE-ANALOG
ERROR1=AE1* (ERROR1 -ERROR )+ERROR
CDETERMINE THE POLARITY OF L(T),THE DIGIT TO BE SENT TO THE RECEIVER
" KAA(IIN)=0
6o Tol2,3),IDEC .
2 IF(SIGN.EQ.1.AND,ERROR.GE, 0,0.0R.KAA{TIN),.EQ.
10, AND. ERROR. LT, 0. 0 )XAA{ IIN) =1

Th



IF (ERROR1.GE, 0.0 )KAA(TIN) =1
TPOL=KAA{IIN)+1

GO TO(4,5),IPOL

POL=-1,0

GO TO 6

POL=1.0

WRITE(2, 1 )VALUE, ANALOG, ERROR, SIGN, IN,KAA(IN), TIN,KAA(TIIN)
FORMAT( 10X,3F10,3,5110)
RETURN

END
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23, 'SUBROUTINE SUBTRACTOR

This: subprogram aécepts two 12-bit binary words stored in the
integer arrays “DIGITAL" and "SUM" and progduces the difference between
them (i.e. it subtracts the contents of "SUM" from the contents of
YDIGITAL")., The difference is "returned" to the master segment held
in the integer array "DIFFRNCE". The subtraction operation is per-
formed using binary erithmetic and the "two's complement" technique.

The segment is executed when the following statement is encountefed
in the master segment:

CALL SUBTRACTOR (DIGITAL, SUM, DIFFRNCE, NPULSE, NBIT, TEMSUM,

ADDONE, NEG)
where "NPULSE" and "NBIT" are integer variables representing respectively,
the total number of subtraction operations involved and number of digits
in the digital words to be operated upon (NBIT = 12 for exanmple). |

The parameter "NEG" and "ADDONE" are defined in the subprogram
and "TEMSUM" is an integer array used as working space,

This subprogram "calls" "SUBROUTINE ADDER" to perform the addition
operations involved in the "two's complement” operétions- For this
.reason "SUBROUTINE ADDER" should be loaded into the computer wofking

file before "SUBROUTINE SUBTRACTOR" is "ecalled.
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SUBROUTINE SUBTRACTOR(DIGITAL,SUM,DIFFRNCE,NPULSE,NBIT,
1TEMSUM,
1ADDONE, NEG )
INTEGER DIGITAL,SUM
INTEGER DIFFRNCE,ADDONE
INTEGER TEMSUM ' _
DIMENSION SuM(25),DIGITAL(25)
DIMENSION DIFFRNCE(25),ADDONE(25)
DIMENSION TEMSUM{15)
NEG=1
NPULSE=512
NBIT=12
L=1
LB=0
NTOT =NBIT+1
DO1I=1,NBIT
DIFFRNCE(I)=L
IF(SUM(T).EQ.L)DIFFRNCE(I)=LB
ADDONE(I)=LB '
CONTINUE
ADDONE(1 )=L _
CALL ADDER(ADDONE, DIFFRNCE, SUM, NPULSE,
1TEMSUM,
1NBIT) .
CALL ADDER{DIGITAL,DIFFRNCE,SUM, NPULSE,
1 TEMSUM,
1NBIT)
IF( DIFFRNCE(NBIT ).EQ.LB)GO TO 3
ADDONE( 1 )=L
NEG=-1
DO2I=1,NBIT
DIFFRNCE(I)=L
IF(suM(I).EQ.L)DIFFRNCE(I)=LB
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2 CONTINUE
CALL ADDER(ADDONE, DIFFRNCE, SUM, NPULSE,
1TEMSUM,
1NBIT)

'3 AVO=1.0

RETURN

END
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2k, SUBROUTINE ALAWRX

This subprogram was written to simulate the action of an A-law
PCM receiver. The simulation strategy vas based on the théory of the
segmented A-law PCM discussea in Chapter VI, It accepts the A-law PCM
code words XE stored in the integer array "FINSTOR" and‘produces the
corresponding analogue PAM samples stored in the address labled "WYOUT",

The subp}ogram is executed by the computer whén the following
statement is encountered in the master segment:

CALL ATLAWRX (WYOUT, FINSTOR)
vwhere the arguments "WYOUT" and "PINSTOR" have the meanings described

" above,
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SUBROUTINE ALAWRX(WYOUT,
1FINSTOR)

INTEGER FINSTOR

DIMENSION FINSTOR(25)

LSUM=0 -

DO1I=5,7
LSUM=LSUM+ (2% % (I=5) )*FINSTOR(I)
CONTINUE

LETA=1 |
IF(LSUM.EQ.O)LETA=0

IVSTEP=0

DO2I=1,k
TVSTEP=IVSTEP+(2%%(I~1) ) *FINSTOR(T)
CONTINUE

ICORECT=1
MAINSTEP=16

ICORECT =0

ICORECT =-1

CORECT=ICORECT

CORECT=0.5

MAINSTEP =MAINSTEP*LETA
LFACTOR1=2%* (LSUM~LETA )
XFACTOR2=( IVSTEP+MAINSTEP+CORECT )
WYQUT <L FACTOR1 *XFACTOR2
WRITE(2, 3)WYQUT

FORMAT (10X,E14.7)

GO TO 4 -

RETURN

END
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- "APPENDIX C

Theory of Finite Impulse Response Filters(72’95’97)

The Finite ;mpulsé Response Filtér, known as "FIR Filter" is a
non-recursive type. This means that in a FIR digital filter the output
sequence depends only on the input sequence and is free from feedback
effects% This type of filter has linear phase characteristic and is
" suitable for filtering of speech signals corrupted by noise. |

A dlock diagram of the FIR digitai filter is shown in Fig. (Cl),

It employs N.digital delay elementé (e.g: D-type flipflops) which hold
the successive digits. The digital sequence is shifted by one position
(towsrds the output port) every eclock period (Tb seconds, say) and each
digit in the sequence is then weighted by the appropriate coefficient hk’
The relationship between the input sequence x(iTp) and the output sequence

y(iTp) is given by

N-1 '
y(iT ) = h x{{i - k)T } - ' (1c)
p kEO K P

Extra noise can be introduced by the filter into the signal which
-is being filtered. This is mainly due to the representation of hk by a
short binary word. This type of noise is known as rounding off noise
and can be reduced by employing a longer binary word to represent hk'
" The impulse response consists of the N weighting coefficierkt sequence

(ho....h ). Because it is always finite the impulse response is

N-1

limited in time, Hence the name "Finite Impulse Response". The re-
cursife type filters do not have this property.
The frequency response of the filter can be determined from a

knowledge of the impulse response sequence,

81



Digital Delay Elements
Input sequence ——— -

x(iT
( P) |
< o ” D D D D

: Weighting
: ‘coefficients
ﬁb ONONO

A D DER

Output sequence

y(iTp)

Figure‘(Cl) Block diagrem of Finite Impulse Response FIR digital filter
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e;g. let the input sequence be a digitized sinusoid with angular
- frequency w rads/sec, then substituting in equation (1C)
N-1

h (i - k)T
k£0 kcos[ 1 [\] p]

it

yw(iip)

[ jwir Ngl ~juT
R |e!" IJ e P - (2c)
Je51%] 7

n

e,]mk'I'

b + e-kaTP

(Note that 2coswkTp =

R-1 ...
= R X e-](l k)pr )

€ x=0

vhere Re means the real part..
Using De Moivre theorem the output can be rewritten in magnitude

and angle representation

N-1

. © =3ukT | j(iwT +6)
ya(lqp) = R, k£0 hye ple P

N-1 :
= Z' e-kaTp
k=0 hk

os{iwT + 0 .
cos(iw b .)'

Thus the responée of the filter to.a cosine wave wifh angular
fre&uency w is a cosine wave of the same frequency. The effect of thel
filter on the input signal is to introduce emplitude attenuation which
is goferned by the term |

N-1

o "

=juwkT
J b

and phase shift 6, The above term is therefore the magnitude of the

frequency response of the filter.
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Freqﬁency sampling technigpes

The frequency sampling technique described by Rabiner et 31(72) is

a general procedure which is very suitable for digital filtering when

employing a digital computer. The procedure is basieally as follows:

(1) Given the frequency response of a filter, the response is sampled
at intervals of 1/NTb along the frequency axis. (Qp = 1/fp = the
sampling interval,) Let these samples be (Xa,Xi....Xﬁ_l) then a sample
. of the frequency response can be written as

N-1 . | |
X = 3 hke('Jke“r/N) | (3c)

where 'n = O,i.,...N-l.

This equation relates the discrete frequency samples of the filter
frequency response to the weighting coefficients of the impulse'response.
It can also be seen at this stage that equation (3C) expresses the
Discrete Fourier Transform DFT of the sequence of the weighting coef-
ficients (ho’hl"'°hN-1)' This means that the impulse response can be
obtained by taking the Inverse DFT (IDFT) of the frequency samples of

the filter frequency response.

(2) Having obtained the samples of the filter frequency response (Xé,
xl....Xﬁ-l) the IDFT is computed to obtain the required weighting

sequence (ho,h eesesh_ . ) using the relation

1 N-1
N=-1 . . ,
n, o= 1N ] X ed2™r/N (4c)
r=0 ¥
where k = 0,1- .. oN"'lo

(73).

This can best be achieved using the Fast Fourier Transform FFT technique
This technique reduces the number of multiplication and addition opera-

tiong (involved in the finding of the IDFT of N complec) from being
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proportional to N2, to a number which is proportional to N.logZN. The
gain in speed of the calculation due to using the FFT is N2/N.log2N =

N/log2 .

(3) Wvith the aid of the impulse response of the filtef, filtering can
be performed in the time domain.
"If a wnit input sample, preceded and followed by zeros, is applied
to a'filter the output of the filter would be ho,hl,o.. N~i; as the
- input moves along the delay elemgnts, the sequence hk’ k= Q,l...N—l,

is the impulse response of the filter. When an input sequence X, is

applied the output of the filter is

_ r © kzo her—k

by
k{ hr-kxk

T

= b *x | (c5)
wvhere * designates convolution, -

The output sequence can therefore be obtained by performing the discrete
convolution of the input sequenﬁe with the impulse resﬁonse sequence,

An alternative approach for obtaining the filtered output is to
perform the filtering operation in the frequency domain. In this case
the input and impulse re#ponse sequences are transformed to the frequency
domain by means of the DFT and subsequently multiplied {instead of con-

volved) to produce the output samples.
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APPENDIX D

‘Thesry of Active Filters

(69,74,75)

An active filter is cheaper and lighter than a passive filter at
low operating frequencies, specifically in the audio range, where an
active filter works well, The frequency limitation of an active filter
design is the active element (the amplifier used). This latter limitation
has now been by the advent of modern integrated circuits and high quality
traﬁsist_orsf Most active filters (low pass, high pass, band pass, ete.)
operating in the audio range employ resistors and capacitors as passive
elements and an emplifier in & positive fixed gain configuration as the
active elements,

To fully characterize the type of filter the following information
is needed:

{1) Voltage-transfer function H(s)

(2) Circuit configuration

(3) Cut—off or centre frequency wo

(%) Damping ratio d.r. of quality factor q.f.

(5) Passive component values

Both 0, and d.r. (or q.f,) are selected to meet the filter overall
requirements and from these the passive components are subsequently
calculated.

. The stability functions provide a measure of the circuit sensitivity
to changes in component values,

The transfer function of this type of active filter can be written

=

(s)
(s)

H(s) (1)

[

- CN(s) -
= . {p2)
52 + 2(d.r.)mo + wi
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'wo 2ﬂf° where fo is the centre fregquency of the filter

s = {0 + ju), (d,r?) is the damping factor.

If the damping factor (d,r,) < 1 then the roots of D(s) will be
complex conjugates and will lie along a ciréle of constant radius in the
s plane as shown in Fig, (D1). The angle 0 = cos_l(dfr.) and w_ determine
the coordinates of the roots. As (d.r.) varies the poles move along the
root locus (semi—éircle)?

For frequency selective filters, the quality factor (q.f.) is often

used instead of the damping factor. The quality factor is given as
(q.f.) = 3{d.r.)
= mo/wa ‘ (D3)
vhere wy is the upper 3 dB frequency.

The simplest form of active filter is the low pass type shown in
Fig., (D2). This filter has the characteristics of two isolated RC filter
sections and a buffered low impedance output. The attenuation is approxi-
mately 12 dB per octave and the ultimate attenuation is 40 dB/decade. A
third RC section can be added on the output of the amplifier to achieve a
third order filter with an ultimate attenuation of 60 dB/decade.

There are two basic designs for this type of filter. One is the
Butterworth filter with maximally flat frequency response. For this
characteristic, the components values are determined from: |
B, + Ry
V2 RyRy0,
= ' D4
end % = TR, -

1 wa

The second kind is the linear—phase filter (Bessel filter)(Ts)

and is only necessary for pulse inputs.
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Figure (D1) The poles of D(S) when (d.r.) < 1. The poles can
be placed anyvwhere in the S-plane to achieve the desired

damping value,

6 = coshl(d.r.) and is determined by the

passive components
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Figure (D2) Second order low pass active filter
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Figure (D3) Second order high pass active filter
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Figure (D) Examples of active bandpass filter characteristics

(a) Gain characteristic
{v) Phase characteristic
A
.12 b
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Bandpass filtering

Bandpass filters can be made by cascading low and high pass
filter sections. These sections can be arranged in‘any order without
affecting the overall filter responsé. The high pass section can be
obtained from the design of a low pass prototype by means of frequency

(Th’TS), The components of the bypass section can be

transforration
calculated using the low pass section formulae but substituting capacitors
for resistors and vice versa, as shown in Fig, D3 (c.f. Fig. D2).

The magnitude and phase responses of a second order pandpass
filter are shown in Fig. (DL), |

Since the filter bandwigdth, centre frequency and midband voltage
gain are usually known, desired sPecificationé {(q.f.) can be found
from equation (D3). It must however be remembered that for real com—
ponents (q.f.) > /TKIT7§'- for example resistors - must be positive
numbers.,
and C

If the inequality is true, the capacitoré c are usually

1 2
made equal and given a convenient standard value. Finally, the values

of the resistors are calculated using equation (D).
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APPENDIX E

- COMPUTER PROGRAM USED FOR TEE

MANIPULATION AND PLOTTING OF THE EXPERIMENTAL RESULTS

(1) Master Segment “SCALEDESIGN

The function of the program has been discussed in Chapter IV. A
summarized flow chart of the program is given in Figure (El). The

perameters (symbols) used in the master segment are:

INPUT = An array holding the measured values of the input power in the

practical model (Né = 3,4,5).

THREEL ) Arrays holding the measured SKR values corresponding to the

THREE2 :

THREE3 } input power values stored in "INPUT" for the case N = 3 and

1=
THREEL .
/ £, =19.2 (THREE1), 28, 38.4 and 56 Kb/s respectively.

FOURL | Arrays holding the measured SNR for the case N_ = 4 and

FOUR2 ¢

FOUR3 | f_ = 19.2 (FOURl), 28, 38.k =nd 56 Kb/s.

FOURK J P

FIVEL | Arrays holding the measured SNR for the case N_ = 5 and the

FIVEZ2 {

FIVE3 sampling frequencies stated above.

FIVEL | '

TRE Arrays holding the maximum values of the measured SNR for

FRE g

FVE the cases N_ = 3,4,5 with fp = 19.2, 28, 38,4, 56 Kb/s in
each case,

XX Arrays used to hold the simulated values of: the input r.m.s.

wee

YTT voltage.ox, and the corresponding values of the control
voltage Vc and the feedback step height H (fP = 19.2 Kb/s,
N, = 3).

XFIT The same as XX, VVCC, YTT respectively, but the values

VCFIT

HFIT stored are obtained by calculation,
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DBINDS } Arrays holding the values of the measured input power in dBm
SNRDS

and the corresponding SNR values for uncompanded Delta-sigma

Modulation CODEC,

DBM Arrays holding the input power in dBm measured at the input
. SNRCOM
SNRSIM port of the input amplifier, the corresponding SNR obtained

by caleulation (theoretically) and the SNR obtained by

simulation,

FREQ } Arrays holding the values of the sampling freﬁnency for
FFREQ ‘

N, = 3,4,5 and N =2,

TWO1l0 Arrays holding the measured values of SNR for the case
TWO1l5

TWO120 Ne =2, fp = 19,2 Kb/s and T2 = 10,15,20 ms, The correspond-

ing input powér values measured at the input port of the input

amplifier in dBm are stored in the array XINPUT2,

SNRTWO10{ Arrays holding the maximum value of the measured SNRs above
SNRTWO15 '
SNRTWO20| for fp = 19.2, 32, 38,4, 56, 76.8, 100 Kb/s.

-

VCCOM = Z =V
L co
veMAXM = Zh
VcM = Vv r See Chapter II
cmax
HMAXM = BH
max
HMINM = H . :
min J

(2) SUBROUTINE TWOBIT SEGMENT

Symbols used in this segment and are not defined above will be
listed beléw:
" TWO210 Arrays holding measurement values made under the samé cbn—
$¥8§;g ditions as for the case of TWO1l0, TWO1l5 and TWOL20 sbove,

except for fp which is in this case 32 ¥Xb/s.
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TWO310
TWO315 ¢
TWO320

TWOL10
- THOL1S
TWO420

TWO510
TWO515 |
TWO520

TWO610
™0615
THO620

As

As

As

above but f
jY
above but T
P
above but fp

above but fﬁ

(3) SUBROUTINE RESULT

FMT =
SRLERG =

ANUML
XNUM2
XNUM3
XNUMY

38.4 Kb/s
56 Kb/s
T6.8 Kb/s

100 Kb/s

The main symbols used in this subroutine are:

YFORMAT" array.

(Execution time FORMT)

An array holding information about the shift register length.

Arrays which are defined in the subroutine.

(L) SUBROUTINES FITTER and COMPARE

The main symbols used in these subroutines are:

A first approximation value of § )

ALPHAM =

TONE = Tl

‘CONST = kc
BANDWIDTH = B

FONE = fl

PI = ¢ = '3,1k4,..
FACTOR = Rc

DBP = R_in 4B
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(5) SUBROUTINE SNRACL

The symbols which have not yet been defined are:

KADJUST = An arbitrary switching (JUMP) parameter.
DBGAIN = Gain of the input filter amplifier in 4B.
DBSHIFT = @B to dBm conversion factor in dB.

NRM

KILO1 Number of points to be plotted on the graph.
NRP

(6) DATA

The data to be read into the computer memory and used by this

program are listed at the end of the FORTRAN segments.,
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, H _, etc.

Read in constants: V_, max

C
o]

‘ Hp (computer simulation), Measured SNR, P, » ete.

H .
min

o

(c)

CALL "TWOBIT" to provide maxirum SUBROUTINE TWOBIT (eeeses
. ' ’ . IQ.I'.)
SNR R, (fp’ N, =2, Py) | RETURN
a)
(e)
CALL plotting routines to plot SUBROUTINE UTP4C
, " UTP4B
SNR (£, Ty, Ny = 2, Py ) —| RETURN

(£) :
$ see next page

Figure (E1)  Flow diagram of the program "SCALE DESIGN" employed
to manipulate the measured and simulation results
and to calculate SNR, Vc, Hp’ ete. using the theory
of Chapter II.
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L0

(g)
CALL "RESULT" to provide
SNR(fP,Pin,Ne = 3,k4,5)

SUBROUTINE RESULT (veeeesee)

RETURN

(n)

(i)

CALL plotting routines to plot

SUBRCUTINE UTPLC

.!‘,(p)

. 1"
SNR(Ne = 2, T, = 10,15,20ms, : urphB
£, = 19.2 Kb) _ 4 RETURN
L&) .
: ' (x
CALL plotting routines to plot SUEROUTINE gggﬁg
svR__[(f, N =3),N =2, -
max-"p® e e 5
T. = 10,15,20ms)] RETURN
(1)
(m
CALL "COMPARE" to provide SUBROUTINE COMPARE (..essvn.s)
R, | RETURN
.‘.‘L(n)
i | CIN
CALL "FITTER" tO ca.lcula,te SIIBROUTINE FITTER (-oqo'-oo-oo
Vepr By (given 6) ls— RETURN

< (
CALL plotting routines to plot

Vép, Hp obtained by simulation
and calculation .

T E

SUBROUTINE UTPLC
" - yTPLB

- RETURN

l(r)
(s

CALL "SNRACL" to read SNR (Pin)
- for Uncompanded Delta-sigma and

(t
plot SNR )

SUBROUTINE UTP4C
" UTP4B

RETURN
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JOB MN84PLCC, E, MION1 905

CARDLTST

LUFCRTRAN

RUN ,, 1000

JOBCORE 32K

VOLUME 7500

. DOCUMENT SQURCE
LIBRARY {ED,SUBGROUPGRAF)
PROGRAM(MNS4)
COMPRESS INTEGER AND LOGICAL
COMPACT '
INPUT 1 = CRO
OUTPUT 2 = LPO
TRACE 2
END
MASTER SCALEDESIGN
REAL INPUT

. INTEGER CFIX | :
DIMENSION DBMA(50),SNRSIMA(50), SNRSIMB(50), SNRCOMA(50)
DIMENSION SNRTHREA(50)
DIMENSION INPUT(15)
DIMENSION THREE1(15),FOUR1(15),FIVE1(15)
DIMENSION THREE2(15),FOUR2(15),FIVE2(15)
DIMENSION THREE3(15),FOUR3(15)},FIVE3(15)
DIMENSION THREEA4(15),FOURU(15)},FIVEL(15)
DIMENSION TRE{15),FRE(15),FVE(15)
DIMENSION XX(50),vvce(50), YIT(50)
DIMENSION HFIT(50)
DIMENSION CDBP(4),CPACT(4)

- DIMENSION VCFIT(50)
DIMENSION XFIT(50)
DIMENSION SNRDS(10),DBINDS(10)
DIMENSION SNRCOM(50),SNRSIM(50),DBM{50)
DIMENSION FREQ(4) : :
DIMENSION XINPUT2(15),TWO110(15),TW0115(15),TW0120(15),FFREQ(10
DIMENSION SNRTWO10(10),SNRIWO15(10}, SNRTWO20(10)
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COPEN MAGNETIC TAPE TO STORE DATA FOR GRAPH PLOTTING
c | o
CALL UTPOP
c
C STDRE THE CONSTATS VCMIN,VCMAX,HMIN,HMAX,AND THE SAMPLING FREQUENC]
VCCOM=0. 40
VCMAXM=3, 40
. VCMAXM=3.8
VCM=2,10
HMAYM=2, 4
HMINM=0, 05
ALPHAM=0. 25
LIMAZ -50
FREQ(1)=19.2
FREQ(2)=28.0
- FREQ(3)=38.4
FREQ(4)=56.0
FP=FREQ(4 )*1000.,0
FP=FREQ(1)*1000.0
NR=18
NRM=29
NRMM=NRM=1
NRTWO=13
NRTHRE =12
KPOINTS=6

C
C DEFINE AND STORE AXIS LENGTHS AND SCALING INFORMATION FOR

¢ FOR PLOTTING THE REQUIRED GRAPHS
C ' -

XMIN=10,0

XMAX=110.0

YMIN=10.0

YMAX=30.0

XINS=8.0
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YINS=5.0
XINS=5.0
YINS=4.0
CALL TWDBIT(FFREQ,SNRTWO10,SNRTWD15,SNRTW020,-
1XINPUT2,TWO110,TWO115,TW0120)
C
C CALIL, THE PLOTTING ROUTINES AND START PLOTTING THE REQUIRED
C GRAPHS ' '
C
CALL UTPLUC(XMIN,XMAX,YMIN,YMAX,XINS,YINS,
1'FREQUENCY IN KHZ!',2, |
21MAX SNR',1)
'CALL UTP4B(FFRZQ, SNRTWO10,KPDINTS,0)
CALL UTPAB(FFREQ, SNRTWO15,KPOINTS,0)
CALL UTP4B(FFREG, SNRTWO20,KPOINTS,O)
CALL RESULT(INPUT,THREE!,FOUR1,FIVE!,FREQ,DBM,
2THREE3, THREEH,
3TRE, FRE,FVE,
1THREE2, FOUR2,FIVE2)
KPOINTS=4
XMAX=60.0
CALL UTPLC(XMIN,XMAX,YMIN,YMAX,XINS,YINS,
1'FREQUENCY IN KHZ',2,
2'MAX SNR',1)
CALL UTP4B(FFREQ, SNRTWO10,KPOINTS,0)
CALL UTP4B(FFREQ, SNRTWO15,KPOINTS,0)
CALL UTP4B(FFREQ,SNRTW020,KPOINTS,O)
CALL UTP4B(FREQ,TRE,KPOINTS,0)
CALL UTP4C{XMIN,XMAX, YMIN, YMAX,XINS,YINS,
. 1'FREQUENCY IN KHZ',2,
2TMAX SNR!',1)
CALL UTP4B(FFREQ, SNRTW0O10,KPOINTS,0)
CALL UTPLB(FREQ,TRE,KPJINTS,0)
CALL UTPLUB(FREQ,FRE,KPOINTS,0)
CALL UTPA4B(FREQ,FVE,KPOINTS,0)
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C REDEFINE THE AXIS LENGTHS ETC,
- C
XMIN==55,0 .
XMAX=5.0
YMIN=0.0
YMAX =20. 0
XINS=7.5
YINS 5.0
XINS=5.0
| YINS=4,0
o .
C CONTINUE THE PLOTTING
C | _
' CALL UTP4C(XMIN,XMAX,YMIN,YMAX,XINS,YINS,
3'INPUT POWER IN DBS',3, \
4VSNRY,1)
CALL UTP4B(XINPUT2,TWO110,NRTWO,0)
CALL UTPAB(XINPUT2,TWO115,NRTWO,0)
CALL UTPAB(XINPUT2,TW3120,NRTW0,0)
CALL UTPA4B(INPUT,THREE1,NRTHRE,O)
D018J=1,NRM '
READ(1,19)XX(J),VvCC(J),YTT(J)
19 FORMAT(3F0.0) '
18 CONTINUE
DO20J =1 ,NRM
WRITE(2,21)XX(J), VVCC(J) YTT(J)
21 FORMAT{'H ,3F20.3)
20 CONTINUE
CFIX=3 _
CALL FITTER(LIMAZ,HMAXM,ALPHAM,VCFIT,VCCOM,VCMAXM,HFIT,
T 1XX, -
1VvCC,
1XFIT, VCM, CFIX, HMINM)
CALL UTP4¢(0.0,8.0,0.0,4.0,5.0,4.0,
1 'INPUT VOLTAGE IN VOLTS!,3,
1 'SYLLABIC INT OUTPUT!,3)
CALL UTPAB(XFIT,VCFIT,NRMM,O)
CALL UTP4B(XFIT,VVCC,NRMM,O)

CH % %% KRR K XXX EK LXK XXX ARFRAEEERTFNREEERFAXRREERERRRAXREAERER LR LR XN #
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CALL UTP4C(0.0,8.0,0.0,4.0,5, 0,4.0,
1'INPUT VOLTAGE IN VOLTS',3,

1'FEEDBACK YT IN VOLTS!,3)
CALL UTP4B(XFIT,HFIT,NRMM,O)
CALL UTP4B(XFIT,YTT,NRMM,O) ‘
wRITE(e,u4u3)(XFIT(MA),VCFIT(MA),vvcc(MA),HFIT(MA),YTT(MA),
1MA =1, NRMM)

4443 FORMAT(5X,5F15.3)

NRMM=NRM=T7
CALL UTP4¢(0.0,4,0,0.0,2.0 5 o 4.0,

1'INPUT VOLTAGE IN VOLTS!,3,

1'SYLLABIC INT QUTPUT!,3)
CALL UTP4B(XFIT,VCFIT,NRMM,O)

~ CALL UTPA4B(XFIT,VVCC,NRMM,0)
CALL UTP4C(0.0,4.0,0.0,2.0,5.0,4.0,

1'INPUT VOLTAGE IN VOLTS',3,

1'FEEDBACK YI' IN VOLTS',3)
CALL UTPUB(XFIT,HFIT,NRMM,O)
'CALL UTP4B(XPIT,YTT,NRMM,O)

- NRMM=NRM-1
CALL COMPARE(FP,FACTOR,DEP)
FACTO?—SQRT(PACTDR)
NRHO=4

3 DO77TTKADIST=1,2
NRM=29
NRP=12
CALL SNRACL{XFIT,HFIT,YTT,FACTOR,MRHO,NRI, DBM, THREE1,
1 SNRCOM, SNRSIM, '
1KADJST,

1INPUT,NRP)

L4y CONTINUE
7777 CONTINUE

C
C CLOSE THE MAGNETIC TAPE
c

CALL UTPCL

STOP -

END
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'SUBROUTINE TWOBIT(FFRZEQ, SNRTWG10, SKRTWC1S, SNETWOZ0,

1XINPUT2,TVWC110,TWI115,TWE120) | _

DIMENSION TWG110(15),TW0210(15),TW0310(15),TWC410(15),TWO510(15

- DIMENSION TWO610(15),TWO115(15),TW0215(15),TW0315(15),TWO415(15

DIMENSION TW0515(15),TH0615(15),TW0120(15),TW0220(15),TWO320(15

DIMENSION TWC420(15),TW0520(15),TW0620(15), XINPUT2(15)

DIMENSION FFREQ(10),SNRTWO10(10), SNRTWO15(10), SNRTWO20(10)

KPOINTS=6 .

NRTWO=13
DO25I=1,6 .
READ(1, 24 ))FFREQ(T), SNRTWO10(I), SNRTWO15 (1), SNRTWOZC( 1)

. WRITE(2,26)FFREQ(I),SNRTWO10({T),SNRTWO15(I),SNRTWO20(I)

25 CONTINUE '
DO18I=1,NRTWO
READ(1,19)XINPUT2(T ), TWO120(1),TW0220(I),TWO320(1),TWO420(I),

1TW0520( T ), TW0620(1)

 XINPUT2(I)==1.0%«XINPUT2(I) . : .
WRITE(2,20)XINPUT2({I),TW0120(I),TWC220(I),TWC320(1),TWch20(1),
2TWO520( 1), TW0620( ) -

18 CONTINUE
GAINDB=22,3

C
C ATTENUATE THE IPUT SIGNAL BY 22.3 DB TO CCMPENSATE FCR
C THE GAIN OF THE INPUT AMPLIFIER. ' E
C |
GAINSHFT=2.3
CORECT =GAINDB=CAINSHFT
DO22I=1,NRTWO
READ(1,24)TW0115(I),TW0215(I),TW0315(1),TW0L15(1),TWO515(I),
5TWO615(T) | | 3
WRITE(2,20)XINPUT2(I),TWO115(1),TW0215(1),TW0315(I),TWO415(I),
4TWOS515(1),TWO615(T) ' k ' )
22 CONTINUE
D021 I=1,NRTWO | :
READ(1,24 )TWG110(I),TW0210(I),TW0O310(I),TWO410(I),TW0510(I),
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6TWO610(T)

WRITE(2,20)XINPUT2(I),TWO11

TTWO510(I),TWC610(1)
21 CONTINUE
19 FORMAT(7F0.0)
20 FORMAT(1H ,5X,7F13.2)
24 FORMAT(6F0.0)
26 FORMAT(5X,6F15.2)

RETURN |

END

10k

0(I),TW0210(I),TW0310(I),TWCs10(I),



SUBROUTINE RESULT(INPUT,THREE1,FOUR1,FIVE1, FREQ,DBM,
2THREE3, THREEY,
3TRE, FRE, FVE,

1THREE2, FOUR2,FIVE2)
REAL INPUT

DIMENSION
DIMENSION
DIMENSION
DIMENSION
DIMENSION
DIMENSION
- DIMENSION
DIMENSION
DIMENSION
DIMENSION
DIMENSION
DIMENSION
DIMENSION
DIMENSION
DIMENSION
DIMENSION

FREQ(4)
THREZ1(15)
THREE2(15) .
THREE3(15)
THREE4(15)
FOUR1(15)
FOUR2(15)
FOUR3(15)
FOURL(15)
FIVE1(15)
FIVE2(15)
FIVE3(15)
FIVE4{15)
INPUT(15)
FMT(12)
TRE(4)

DIMENSION
DIMENSION FVE(4)

DIMENSION SRLENG(4),XNUM1(4),XHUM2(4),XNUM3(4), XNUMA (4 )
READ(1,2)FIT

FORMAT{12A6)

READ(1,FMT) (INPUT(I),I=1,12)
READ({1,FMT ) (THREZ1(I),I=1,12)

READ( 1,FMT) (FOUR1(I),I=1,12)
READ(1,FMT ) (FIVE1(I),I=1,12)
READ(1,FMT ) (THREE2(I),I=1,12)
READ(1,FMT ) (FOUR2(I),I=1,12)

READ{1,FMT )(FIVE2(L),I=1,12)
READ(1,FMT ) (THREE3(I),I=1,12)}

READ(1,FMT) (FOUR3(I),I=1,12)
READ(1,FMP ) (FIVE3(I),I=1,12)
READ{1,FMT ) (THREE4(I),I=1,12)

FRE(4)
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READ{1,FMT) (FOUR4(TI),I=1,12)

~ READ(1,FMT ) (FIVE4(I),I=1,12)
DO7I=1,12
INPUT(I)==1,0%INPUT(I)

7 CONTINUE
READ(1,3 )FMT

3 FORMAT(1246)
TRE(1 ) =THREE1
TRE(2) =
TRE(3)=
TRE(4)=
FRE(1)=

FRE(2 )=FOUR2

FRE( 3 )=FOUR3

FRE( 4 )=FOUR4

FVE(1)=FIVi1
FVE(2)=FIVE2
FVE(3)=FIVE3(5)
FVE(4)=FIVEL(5)
XNUM1(1)=TRE(1)
XNUM1 (2)=FRE(1)
XNUM1 (3 )=FVE(1)
XNUM1(4)=13.7
XNUM2(1 )=TRE(2)
XNUM2(2 )=FRE(2)
XNUM2(3)=FVE(2)
XNUM2(4)=16.6
XNUM3(1)=TRE(3)
XNUM3(2)=FRE(3)
XNUM3(3) =FVE(3)
¥NUM3(4)=19.7
XNUMA (1) =TRE(4)
XNUMY (2 )=FRE(4 )
XNUM4(3)=FVE(L)
XNUMS (4 )=21.5
DO99I=1,4

99 SRLENG(I)=I

e p— g
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WRITE(2,4)
FORMAT(/////) - |
WRITE(2,FMT ) (INPUT(I),THREE2(I),FOUR2(I),FIVE2(I),I=1,12)
WRITE(2,5) ‘ |
FORVMAT(/////) |
WRITE(2,FMT ) (INPUT(I),THREE3(I),FOUR3{I),FIVE3(I),I=1,12)
WRITE(2,6) ' '
FORMAT(/////)
WRITE(2, FMT)(INPU'I‘(I) THREE4(I),FOURL(I),FIVELR(T),I=1,12)
- WRITE(2, a

WRITE(2, FMT (FREQ(I),THE(I),FRE(I),FVE(I),I=1,4)
WRITE(2,6)
WRITE(2,FMT ) (SRLENG (I ),XNUMT (I),XNUM2(I),XNUM3(I),I=1,4) "
WRITE(2,6)
WRITE(2,FNT ) (SRLENG (I),XNUM2(I),XNUM3(I), XNUML(I),I=1,4)
RETURN

END
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© SUBROUTINE FITTER(L.IMAZ,HMAXM,ALPHAM,VCFIT,VCCCM, VCMAXM, HFIT,
1XX, - :
1VVCe, _

1XFIT,VCM,CFIX,HMINM )

INTEGER CFIX

DIMENSION XX(LIMAZ)

DIMENSION XFIT(50)

DIMENSION HFIT(LIMAZ)

DIMENSION VCFIT(50)

NRM=29

NRMM=NRM-1

DO1I=1,NRM

X=XX(T) _

Go T0(5,6,7,8),CFIX
" CFIT=1.0

GO TO 9

CFIT=0.86

GO TO 9

CFIT=0.83

GO T0 9

CFIT=0.66

XINDEX =X*ALPHAM*CFIT

XINDEX=X*0Q,22

XINDEX=0.21*X

RECIP=1.,0/EXP{XINDEX)

XFIT(I)=X |
VCPIT(I)=VCMAXM*(1,0=-RECIP }+VCCOM
GRAD=(HMAXM-HMINM )/ VCM~-VCCOM )
HFIT(I)=GRAD*(VCFIT(I)-VCCOM)+HMINM
IF(BFIT(I).GT.2.4)HFIT(I)=2.4

CONTINUE .

WRITE(2,4) (XFIT(K),VCFIT(K),HFIT(XK),K=1,NRMM)
FORMAT{1H ,10X,F10.3,10%,F10.3,10X,F10.3)
RETURN '

END
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START

-+ HREAL{I)*YT(J)

Figure E2

J=Jd+1

109

Flow chart of "SUZ'BROUTINE COMPARE"

Pass parameters YTFTWO{I) =
NSAMPL, HREAL, L, K=1L+ { 0.0
YT, K, YTF Two — NSAMPIL, = 117%™ * I =3I+
from Master segment I=1 '
M=I+J-1 I=1
YTFTWO(M) = YTFTWO (M)




SUBROUTINE COMPARE(FP,FACTOR,DEP)
PI=3, 141259

TONE=, 0002

CONST=0,6.

BWIDTH=2400.0

FONE=1/2.0%PI*TONE
DENOM1 =8, O¥PI*PI*CONST

DENOM2=3, OxFONE*FONE*BW IDTH+BWIDTH*BWIDTH*BWIDTH
DENOM=DENCM1 #DENGM2 ' '
FACTOR=3, O¥FP+*FP*FP/DENOM
WRITE(2, 1 )FACTOR

FORMAT{1H ,10X,E14.7)

DBP=10. 0*ALOG10(FACTOR)
WRITE(2,2)DBP

FORMAT(1H ,10X,E14.7)

RETURN '

END

110



QO QG Q.

SUBROUTINE SNRACL(XFIT,HFIT,YTT,FACTOR,MRHO, NRM, DEM, THRELT,
1SNRCOM, SNRSIM, -
1KADJST,

1 INPUT,NRP)

REAT, INPUT
DIMENSTION SNRDS{10),DBINDS(10)

DIMENSION INPUT(NRP)

DIMENSION SNRCOM(NRM), SNRSIM(NRM)

'DIMENSION XFIT{NRM),HFIT(NRM),YTT(NRM),DBM(NRM),THREE! (12)

IF(KADJST. EQ. 2. AND. MRHO. GE.3)GO TO 35
NRMM=NRM=1 '

C :
C ATTENUATE THE IPUT SIGNAL BY 22.3 DB TO COMPENSATE FOR
C THE GAIN OF THE INPUT AMPLIFIER.

C

DBGAIN=22.3

DBSHFT=2. 3

CORRDB=DBGAIN~DBSHFT
DBCORR=CORRDB ,

IF(MRHO.GT.1.0R.KADJST.GT.1)GO TQO 7

CALL UTP4C(-55.0,5.0,0.0,20.0,8.0 5 o,

1 VINPUT POWER IN DBMS', 3,
1'STNR IN DBS!,2) |
7 IF(MRHJ.EQ.4)GO TO 29

IF(MRHO.EQ.3)G0 TO 18

DD17I=1,NRM '

6o T0(19,20),MRHO

GO TO 21

19 HF=HFIT(I)
20 HF=YTT(I)
SNRCSM=20. O*ALDG10(XFIT(I)*FACTOR/HF)'
21 IF(XFTIT(I).GT.HF)GO TO 1
GO TO 23
1 SNRCSM=20.0x%ALOG10(HF*FACTOR/XFIT(I))
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23 G0 TO(24,25),MRHO
24 SNRCOM( I )=SNRCSM
GD TO 26 '
25 SNRSIM(I)=SNRCSM ,
26 DBM(I)=20.0*ALOG10(XFIT(I))
DBM(I)=DBM(I)-DBCORR
GO TO 555
17 CONTINUE
18 KILO1=8
b02J=1, KILMNM
READ( 1,3 )DBINDS({J), SNRDS(J)
2 CONTINUE ‘
3 FORMAT(2F0,0)
WRITE(2,4)(DBINDS(K),SNRDS(K),K=1,KILO1)
4 FORMAT(1H ,10X,2F20.3)
555 GO T0(27,28,39),MRHD
27 CALL UTP4B(DBM, SNRCOM,NRM,O)
GO TQ 30 - '
28 CALL UTP4B(DBHM, SNRSIM,NEM,O)
GO TO 30 -
39 CALL UTP4B(DBINDS,SNRDS,KILO1,0)
29 CALIL UTP4B(INPUT,THREE?,NRP,0O)
40 WRITE(2,41){(INPUT(I),THREE1(I),I=1,NRP)
41 FORMAT(1H ,10X,2F20.3)
- 6D TO 35 \ _
30 WRITE(2,31)(DBM(I),SNRCOM(I),SNRSIM(I),I=1,NRM)
31 FORMAT(1H1,10X,E14.7,10X,E14,7,10X,E14.7)
G0 TO(35,5),KADIST
5 LIB=1 '
. GO0 TO 35
35 RETURN
END

a2



c

C

C

DOCUMENT DATA

C

C .

. C THE DOCUMENT DATA CONTAIN THE RESULTS OF THE MEASUREMENTS

¢ MADE ON THE HARDWARE AND THE SIMULATED MODELS OF THE SCALE
C SYSTEM AND ITS ASSOCIATED FILTERS ETC.,

¢ THE MEANING OF ANY PARTICULAR BLOCK OR SINGLE WORD OF DATA
C CAN BE FPOUND BY SIMPLY FOLLOWING THE READ STATEMENTS IN THE
¢ MASTER AND SUBROUTINE SEGMENTS.

C

C .

19.2 13.0 13.4 13.0

32,0 17.5 18.0 17.3

38.4 19.0 19.5 19.5

56.0 23.5 23.5 23.0

76.8 26.5 26.5 26.0

100.0 - 28.5 ‘28,5 = 28.5

50,0 5.7 8.5 10.0 13.0 16.0 19.5
45,0 9.0 13.0 14,5. 17.0 21.0 24.0
40.0 10.5 16.0 18,5 22,0 25.0 28.5
37.0 12,0 16,5 19.0 23.0 26.0 28.5
36.0 12.5  117.0  119.2  23.0 25.00 5.5
3.0 113.0 17.3 19.5 22 24,0 24.5
30.0 13.0 13.0 16.0 17.0 15.5 16.0
25.0 12.0 12.0 13.0 12,0 12.0

25.0 12,0 12.0 13.0 12.0 12.0

20.0 10.0 10.0 10.0 10.0 10.0 9.5
5.0 9.0 9.0 9.0 9.5 8.5 8.5

10.0 8.4 8,0 8.0 8.0 8.0 8.0
50 7.5 7.5 7.5 7.5 7.5 7.5
3,0 6,0 6.0 6,0 6,0 6.0 6.0

6,5 9.0 10,0 12,5 16.0 19.0
9.5 14,0 .14,5 17.0 21.0 23.5
11.0 16.5 18.5 21.5 25,0 28.0
13.5 18.2 18.5 23.5 26,5 28.5
12.5 18.2 18.5 23,5 26.5 28.5
12.5 18,0 19.5 22.5 19.0 25.0



13.4 16,0 16.5 17.0 16.5 16,0
12.0 12.5 12.8 12.5 12,0 12,0
10.5 10,0 10.0 10.0 9.5 10.0

9.0 9.0 9.0 85 8.5 8.5

8.5 8. 8.0 8.0 8.0 8,0

7.5 7.5 7.5 7.5 T.5 7.5

55 6,0 5,5 6,0 6.0 6,0

5.5 8.0 - 9.5 12.5 16.0 19.5

9.0 13.0 14.0 17.0 21,0 24,0
10.5 - 16,0 18.0 22.0 25.0 28.0
12.4 18,0 19.5 23.0 25.5 26.5 ' 13.5
12.5 16.5 18.5 18.2 23,5 26.5
12.0 17.0 19.0 23,0 2l 0 o4.5
13.0 16.0 17.0 18,0 16.5 16.0
12.0 12.5 13,0 13.0 12,0 12.0
10.0 10.5 10.5 10,0 10.0 9.5
9.0 10.0 -9, 9.0 8.5 8.5

8.0 8.0 8.0 8.0 8.0 8.0

7.5 7.5 7.5 7.5 7.5 7.5

7.0 6.5 6.5 6.5 7.0 7.0
(6F10.2) : _

50.00 45,00 40.00 35.00 30.00 25.00
20,00 15.00 10.00 5,000 1.000 0.000
6,50 9.00 10.7 11.3 13.0 14,2
14,50 14,00 11.30 8.400 6.900 6.€60C
7.500 8.500 9,000 10.30 12,40 144,00
14,20 13.60 11.30 8,400 6.800 6.600
6.500 7.900 8.800 10.70 12.70 14,00
13.80 13.00 11.30 8.400 6.800 6.600
7.800 11.20 14.00 15.40 16.50 18.20
17.00 15,00 12,00 8.700 8.500 7. 000
10.80 13.60 14.60 15.00 17.00 - 17.60
16.00 14,50 12.00 8.700 8.500 7.00C
11.40 13.40 13.80 15.00 116,90 17.00
15.60 14,00 11.60- 8.700 8.600 7.000
10,20 14,00 17.40 19.60 20. 80 - 21.00
18.20 15.60 12.00 9,600 8.700 7.000
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13.30
17.00
13.70
16.20
12.80
19.00
15.00
17.40
16.30
16,80

(1B

0.0175
0.04
0.09
0.15
0.18
0.25
0.29
0.31
0. 41
0.45
o.b7
0.58
0.67
0.86
1.05
<1.25
1.53
1.75
1.94
2.21
2.60
2.85
3.37
4,03

- 4.86
5.12
5., 44

6.00

11.0

17.00 19.00
14,80 12,00
14.40 18.40
14,30 11.80
17.70 16.40
15.60 12,40
19.40 18.20
14.80 12.00
20,30 18.50
14.50 12.00
0.4 0.05
0.44 0.082
0.48 0,17
0.53 0.23
0.60 0.32
0.65 0.39
0.65 0.399
0,68 0,44
0.72 0.49
0.74 0.53
0.77 0.56
0.86 0.68
0.87 0.70
0.99 . 0.87
1.04 0.94
1.22 1.20
1.32 1.34
1.36 1.39
1.44 1.51
1.65 1.80
1.60 1.72
1.74 1.92
1.76 1.9
1.89 2.13
2.03 2.33
2,14
2.11 o, 0
2,18 2.40
3.5 2. U

19.40
9. 000
19.00
9. 000
24,50
9.000
24.50
9,000
24,00
9.000
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20,70

- 8,700

20. 40
8.700

25,50

8.700
24.50
8.700
23.00
8.700

19.70
7.000
18.70
7.000
23,30
7.300
21,00
7.300

19,80

T7.300

,10%,F10,.2,10%,F10.2,10%,F10.2,10X,F10,2)



-35.0
=30.0
=-25.0
-21.0
~20.0
~15,0
=10.0
-5.0

3.25
6.5
11.75
14,5
14,20
10.0
6.00
2.50
0.0160
0.2480
0. 4640
1.248

2,600

* ¥ ¥ ¥

0.0330
0.2560
0.4720
1.198
2.158
0.0331
0.2640
0.4880
1.210
2.162
FINISH

0.0400
0.2880
0.5760
1.528
2.848
0.0480
0.2960
0.5840
1.408
2.282
0.0331
0.3200
0.6000
1.420
2.274

el

0.0880
0.3040
0.6640

LThl
.368

0.0960
0.3120
0.6720

.570
Bl2

0.0960
0.3200
0.6560

.588
.554
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0. 1440
0.4080
0.8560
1.936
4,024
- 0.1520
0.4160
0.8640
1.714
2.870
0.1520
0.4320
0.8800
1.714
2,862

0.1760
0. 4480
- 1.048
2.208

0.1840

0.4560

1.048
1.918

0.2080
- 0.4320
1.042

1.924






