EVALUATION OF A POISSON WINDOWED TEST SIGNAL FOR PCM CODECS

Berrhard Cronje

A project report submitted to the Faculty of Engineering,
University of the Witwatersrand, Johannesburg, in partisl
FUlfiiment of the requirements for the degree of Master of

Science in Engineering

Johannesburg, 1988




DECLARATON

! declare that this project report is my awn,
unatded work. lt is being submitted for the
Degree of Master of Science in Enginsering in
the Untversity of the Witwatersrand,
Johannesburg. 1t has not beer submitted before
for any degree or examination In any other

University.

2

13™ say or March 1982

[8}]

i
j
i
f




Y

RN
N .

ABSTRACT

This project deals with the critical evaluation of a Poisson
windowed test signal which was proposed for in-service and
production testing of fiitered pulse code modulstion systems. The
Poisson windowed test signal has various advantages over the

existing two test methods specified by the International

Consultive Commnittee for Telephone and Telegraph (CCITT}. The
main goals of the new test signal are to minimise the test time
and to accommodate the send and recieve Filters normatiy found tn

communication systems.

The evaluation process included the compilation of performance
curves of signal to noise ratic vs. signal level and gain
vartation vs. signal level. These curves were compiled by
simulating the codec and filters on a digital computer snd
processing the output data. Three sets of programs were
devoioped.

The results obtained revealed some fundamental )imitations of the
proposed test signal. Using the basic properties of the Fofsson
windowed sfgnal, an siternative test signsl was proposed. 1t was
the single sided exponentfaliy windowed sinusoidal which proved
to be suitable For the testing of filtered pulse code medulation

stems.
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v 1 INTRODUCTION

1.1 Problem statement
The CCITT recummendstions G.712, G.714 and 0,131 {(1984a-c) »
specify 1imits on the performance of PCM codecs. These limits are
essential to ensure adequate subjectlve quality in PMC speech
Yinks. The CCITT speciffes two methods to test codecs, both with . 5

their advantages and dissdvantages.

The use of digital subscriber loops has introduced new

constraints on test methods. Codecs and filters are now being

eppiled on & per-line basis in large numbers. Remote testing of ' H
encoders and decoders is a necessity due to practicsl problems 1
artstag when considering thet the devices to be tested are :
loceted on the subscribers premises. With In-sevice testing the {
separation of half channel performance parameters is desirable
because of the fect that any encoder associated with eny decoder,
via the transmissfon and switching system. must be able to
perform within the 1lmits specified by the CCITT. During
production testing short times are essential because testing

sccounts for & significant proportion of the total device cost. .

The new test method has been proposed and tries to deal with
these problems. [t censists of the connection of the encoder and
decoder in @ back to back conflguration and injecting a Pofsson
windowed sine wave. It is referred to as a one-shot measurement.
The performance curves {signal to ncise ratio vs. signal level

and gain varistion vs. signal level) are derived from these




measurements.

The purpase of this project {s to criticaily examine and evaluate

this new proposal, It invelves & thorough simulstion to see

v whether the new test signal can produce performance figures

calied for tn the CCITT recommendstions. o

1.2 Background

A The CCITT (Recommendation G.712, 1984s, Recommendstion 0.131,
1984c) recommends two methods for testing PCM codes, one using a i
pure sinusoidal test signal and the other using bandiimited
Gaussian pseudo random noise. Both of these have disadvantages

when considering production testing and fn-service testing of
codecs. Due to the large number of units {nvolved apd the cost of

testing time during production, short test times are very

desirable.
L covered equally well and this makes it very appealing from a

theoretical point of view. A disadvantage though {s the large

H With Gaussian noise as a test signal, ail decision levels are !

I

bandwidth involved because restrictive assumptions have to be l

< o made about the filter galn and phase. It is difficult to mode) {
Filters and assumptions of flat magnitude gain and linear phase |
I

over the bandwidth concerned is too restrictive. This prevents

N practical compa=ison of sctual and theorstical outputs.

Sinusoldsl test signels are simple and weil defined. Including

filters does not present any problems because once the magnitude




and phase of the output have been estimated it is possible to
calculate the theoretical output waveform. A disadvantage is the
sensitivity of the reference curves of gain and SNR to signal
level. Memsurements are required at a2 number of Input evels to
overcome the problem of the nor-uniform amplitude distribution of
the sine wave, This in turn has the undesirable effect of

increased messuring times snd thus cost.

The various disadvantsges of the above mentioned test signals led
to siternative proposais. Due to the need to minimise the
measuring time, methods that calculate the required curves from a
set of measurements, rather than measuring them explicitly, are
wore sppealing. Such measurements are referred to 2s ‘ons-snot’
methods. The, maln abjectives of one-shot measurement techni .ues

are stated below.

The test signal must bs short. (In the order of one to two

seconds.)

2. Half channe! measurements should be possible.

3. Callbration of the test system must be minimised. (Avoid
analogue signal generation and measurement.)

The reference curves of the proposed method must be relatabie

»

to the CCITT reference curves.

o

The method must be suftable for f{itered codecs.

The reason for (1) has been discussed and finds Its roots in the
cost of the time It takes to test a device during production.

When considering the large number of digital subscriber stations

"oyt




that aere going to be installed {n future, it {s obvious that the

in~service testing time must be kept as short as possible.

The migration of PMC cedecs to the subscriber sets brings about a
situation where a specific encoder can be cannected to any
arbitrary decoder. This expiains the second objective of being
able to make half channel tests. Both the encoder and decoder
must be subjected to thelr awn specifications or reauirements to
ensure adequate full channel performance for sny arbitrary
encoder-decoder pair. The CCITT recommendation G.714 (1984b)

specifies 1imits on helf channel performance parameters.

Conventi{eng! tests on encoders and decaders used anaiogue
stimulation and measurement. This presented difficuities because
the components of the test system required accurate calibration.
By using standard snalogue-to-~digital and digital~to-analogue
converters, digital stimylation and processing can be achieved,
The standard converters are easiiy and accurately implemented in

software.

The iast objective (8) requires sultability for filtersd codecs.
In the new generation of integrated codecs, fllters are inciuded
tn the same package and the unf{ltered signais are often

inaccessible,

Ancther existing ‘one-ghot’ messuring technidue uses &
stroboscopic effect o: one ¢ycle of & sine wave to measure the

decision levels of the encoder and the decoder output tevels. The




result is then used to calculate the required curves of the gain

and SNR to signal Tevel (Cordt, Hahn, 1982)

The proposed test signal that will be the subject of this project

is @ Polsson windowed sine wave with the equatlon :

v(t) = vpeak.exp(-bit]}.sin{2rf t) —tdur/2 ¢= t ¢ tdur/2

=0 otherwise.
The duration of the signal (tdur} will be in the order of one to
two seconds. A thorough comsuter simulatton will be executed and

a set of raference curves have to be determined. As mentloned
these should be capable of being related to the two CCITT

methods.

The configuration that !s going to be used in this project is
walled the transposed codec test configuration. [t consists of
the encoder-under-test (EUT) and decoder-under-test (DUT),
connected up in & back to back configuratfon. Stimulation and
measurement ts digital which is a very desirable feature. This
test configuration end its theory wil) be discussed in section

1.3.4,
1.3 Review of the theory
1.3.1 Introductfon

This chapter will cover all the refevant theory for the testing

of codecs. The two principal methods for performing tests on

P




codecs will be discussed. The transposed codec test configuration

: {TCTC) and fts theory will be covered and finally some of the
be highlighted.

: properties of the new Polsson windowed test will

Thts information is needed to successfully analyse and interpret

measured resuits.

—r
A 1.3.2 Conventional tests
: " A coventfonal test configuration is shown In figure .l helow.
£ d SEND RECEIVE
™
/ | >—{ [—— SAMPLER }—] ENCODER [~— DECODER —{ [
T
B FILTER FILTER
s .
»| Vintt) vit) vitn? tny Ut¢my Uout (5}

Figurs 1.1 Conventione! PCM test connection
1t consists of an encoder, preceded by a send filter end sample

and hoid circuit. The PCM output of the encoder is then connected |
to the decoder which produces a quantised pulse ampl{tude
medulsted (PAM) signai, The receive fiiter wouid then remove the i
amplitude discontinuities from the decoder output and produce =

waveform thet closely resembles the input waveform.

The Input waveform fs a band limited signal with & specific

probabl 1§ty density function which will either be for a Gaussisn

or a sinusoldal test signai. Specifications for both of thess i




waveforme are given by the CCITT (1984c). The signal is sampled
st & rate which must be high enough to satisfy the Nyauist
Criterion. The encoder will then produce a code I1{n) for &
speciffc sample v(t), bssed on the decfsion of whether the sample
is Iying betwean decision Tevels Vi(ny o0 Vi(nys1- The suffix n
is edded to fdentify & specific sample and to follow it through
the chaln without accounting for the exact time delays Introduced

by the encoder and the decoder.

The CGITT recommendatfon G711 (1584d) defines A and u-lsw
characteristics In terms of the decisfon- and decoder output
Tevels. The relationship between the N+l encoder decision levels,
Vi end the N decoder output levels Uy Is glven for an ideal
encoder~decoder patr as

Up = (Vg & V372 D=1, 2,3, ..oy N

In the beginning only fuil channel tests were performed, The test

setup looked 1ike the one In figure above end analogue
stimulation and measurement was used. Leter, with the fntro-
duction of switching between different encoders and decoders, the
necessity for performing hali channe! tests arase. CCITT
recommendstion G714 (1984b) specifies limits on the haif chennel
performsnce. Signal to nofse ratfo (SNR) and gain are the
principie psrameters measured. in both of the sbove mentioned
cases filters were used to sepsrate the signel and noise

coMmpanents .




1.3.3 Measurement technicues
There are a number of test methodologlies and seven are identified

by Hanrehan (1984b). The two principal methods thet exist sre :

1) Frequency domafn separation.

2) Linear regression based analysis.

The first uses fllters to separate the signal and noise
components. These Filters are efther implemented physically or
via & Discrete Fourier Transform (DTF). The latter method is
normally used during digital s#imuiatfon and measurement. In both
cases the signal and nolse powers are measured in their respec~
tive bands. By assuming that the nofse spectrum is flat ths total
signal to nolse power ratio can be found. The gsin {s found by

comparing the Input signal power to the output signal power.

The second method s not used very often In practical situstions
because 1t is more difffcuit to Implement. It (s however a more
fundamental epproach snd it is free of assumptions such as the
fiatness of the noise soectrum. !t also allows the signal to
oceupy the entire audio band but still allows sufficient sepa-
ration of the signal and nolse components on the output. This
method uses the variances of the input and output respectively
and the covariance between them to calcuiste the required curves.
The theory of both these methods fs discussed in detail by
Henrehan (1984a) and in this report oniy the theory relevant to

the transposed test connection will he discussed briefly.




Regardiess of the techniqua or the type of test signals used, tho
performance of & given encoder-dscoder palr fs assessed In terms
of the departure from ideal values. Grephs of gain and signal to

nojse ratio are obtained for fdeal encoder-decoder palrs and are

termed reference curves. Performance avalustion of non-fdeal

pairs 1s done with these reference curves as a basis. Each

specific test method will have Its own reference curves and these

i must be relatsble to the CCITT specifications.

PR i
- ,j Up to now most of the work and tests done on codecs excluded the

| Fliters. With the emergence of combinstional codec-Fflter units,

it has become impossible to separate the Fflters From the other j E
uOn;pdnentS. With f{lters present ithe observed output signal and
poise powers are Influenced by the f1lter transfer functions. g
Sofe corrections hsve to bs made to the reference curves of gafn

and SNR.

1.3.4 Transposed test configuration
The restrictions of anajogue measuring systems have been
mentioned. In addition to this, practical difficulties arise when I

considering that the analogue fnpute and outputs of the codecs

are located on the subscribers prem!sas, Access fs obviously a
major problem. These probiems can be overcome by digital stimu-
tatior and measurem.nt. The transposed test conflguration, where
the encoder-under-test (EUT) and the decodsr-under-test (DUT) are

copnectsd In @ back to back cenfiguration Is shown {n flgure 1.2,




¥ wt) (k) b

Figure (.2 Transposed test configurstion

- The DUT {s stimulated by a digital sequence of samples generated
. A by & software implemented fdeal encoder and signal source. The !
":/ cutput of the DUT Is then fed to the Input of the EUT after some
N analogue process hes been pertormed on it. Reasons for this
P process will be discussed in chapter 1.3.5. The encoeder output is
\‘:« & digital sequence of encoded samples and is fed into & software )
“*\\ implemented ideal decoder and measuring device. The conflguration

can also easlly be implemented in an fn-service test sltuation.
SR See figure 1.3. Stimulation snd messurement is done via the PCM
subscriber loop as indlcated. Low error rates onm these channels

and the fact that digite! signals are used, makes this remote

. testing conflguration feasible.
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Figure 1.3 In-service test conmection

Closer fnspection reveals that the transposed test configuration
is buflt up of two half channel test systems, which are the
decoder-side hatf-channe) test palr and the encoder-side half-
channel test pair. These two halves are connected via the
analogue signal processing or modificetion unit. This unit is
necessary to ensure that the entire encoder {nput renge is probed
and thet any dwcoder {mperfections are reflected in the output of
the encoder. The various operations on the analogue signal will

be orscribed fn a iater section.

The CC!TT recommendations a)low both sinusoidal and pseudo-random
noise signals to be used ss test signals. Sinusoidsls are easy to
generate and are therefere preferred in existing tests. It (s
difffoult to generste anaiogue pseudo-random naise With good
amplitude and spectral properties. With digitel stimulation more
effort can be expended to obtain fnput sequences with near-fdeal
properties. Once these have been generated, tested and found
suitable, ft is easy to store them as & sequence of numbers in

memory. Regeneration of an exact test waveform is thus simpiified




and fs without the uncertaintles normslly assoclated with

analogue test signals.

1.3.5 Analogue signal modifications

As mezntioned, some type of enalogue operation is nseded to
‘smooth’ out the PAM output of the DUT. The encoder input signs!
must have @ contlinuous probabllity demsity function and it must
exercise the full range of ampiitudes. When considering the
combined effect of the EUT and the DUT a situation can arise
where small varistions in the decoder output levels and the
encoder decialon levels can produce no change fn the output code.
Gafn and distortion contributions due to these small errors can
thus go undetected {f the two halves are connected directly. Four
possible operations on u(t) which give = mora continuous

amp) ftude distributlion in x(t) are given by Hanrehan (1984b):

1. Analogue flltering
2. Addition of & dither signal
3. Programmed attenustion

4. Oither signals that adapt to the Input amplitude.

Analogue filters ensure that the entoder input has & continuous
amplitude distribution. Errors In encoder decisfon levels alcng
with decoder errore from the first half of the channe! w!ll now
produce gn {ncorrect outp;.lt code, K. With the filiters included

rwre 18 no need for dithering. The group delay and wmp)itude
wistortlion must however be taken into accounmt when calculating

the required curves.




Addition of & dither signal, which is uncorrelsted to the input
signal, is another way of achieving the desired effect. This
signal must be known exactly and !s added to the input signal
before encoding. An identical signal is removed from the output
analogue signei after encoding. One of the reguirements for the
dither signal is that fts peak to pesk vaiue must be at least
equa’l to the width of the highest quantising interval. Selection
of the dither signal is also dependsnt on the type of test signal
used. The selection of a triangular dither waveform with the

right frequency is described by Hanrahan (1984b).

A variation on the above mentioned additive dither signai is
interval-related dither. The pesk to peak vaiue of the dither
signal is varfed {n accordance with the input signal. This is a
very attractive method but the complexity of the equipment needed

to implement this is high.

An alternatfve method described by Haprahsp (1984b,1984c), ts
dithering by means of a programmabie attenuator/gain unit
installed in the anatogue part of the loop. This fs switched in a

sequence uncorrelated to the test signal, according to
X(t) = ult) (Lerp)

where ry is a sampled function uniformly distributed about zera.
The aptlmum number of attenuator steps and their spacing were
found by simulation (Hanrahan, 1984b,1984c). The range of

sttenuaticns tr, should spread the pulse helghts by at least one




quantising interval on either side of the decoder output.
Uniformly spaced steps of st Jeast 32 but preferably 64 were
found to be satisfactory. All previous equations for obtaining
the gain and SNR hold, provided the input and the dither signa

are uncorrelated.

1.3.6 Theory of the transposed connection
The performance of the decoder sfde half-channel is ouantified in
terms of the gain mp and the output naise power onp? for e given

2

input signa) power oy“. Similarly the encoder half will have gain

mg and noise power aygZ. The output of the DUT fs gfven by

ay? = mpPoy? + oyn? 23]
which is the sum of the slgnal power and the noise power. The
fnput signal to the EUT is x(t) and is derived from ul(t). The
digital output of the ideal decoder is y, and has sfgna! and
noise components
oy = mePox? + ayg @)
For the simplest case, where the filters are excluded x(t) = u(t)

and thus
ay? = mgZmp2ay? + mgZoyp? + onp? 3)

We can now define the overali gain




m = mgmp

and the total nolse power as

onp? = mgPoyp? + ong? 5)

The gain m {s measured in terms of the ratio of output and input

signal powers
m 2 = 05202

where 052 s the output signal power f.e. the component of ¥ that
can be correlated with the input v,. Examples of ruference curves

obtained for ides! encoder-decoder pairs mre given fn figure 1.4,

Stgral-tu-notes ratia d8

“
-
£
Vi

- ]

. 801

“78 -G8 -3 -48 -3 -20 ~10
Sigral Leve) in oBp (Add B.15 for dged

Figure 1.4 Examples of reference curves (Hanrahan, 1984b}




The parameters needed to calculate these curves are obtafned by
using the Fast Fourier Transform (FFY), The method described here
s particularly suited to testing with sinusoidal signals and can
be extended to other test signals as well. The number of samples,
N, shouid be jarger or equal to 256 {Debbo,1984). The signal
frequency, f., is chosen to cofncide with one of the spectral
Jines of the FFT f.e. . = KAF, witere 4f is the spacing of the
frequencies. Signal energies at other frequencles than . are
negligible if this condition is met. A disgram illustrating the

spreading of the spectrum is shown in figure {.5.

o sena—

NOISE

POWER

PRIV AR I TE NN TR TL IR Y VL EY RSN
K N-K N

Floure {.5 Spreading of signal and noise power

The .gnal and najse powers are given by:

ag? = 1T ¥ Vgl (6}

ano? # 5l YidZ Ksless ke Tkt en s NoKoL N Ty NE (T)
The summation f{s not over ail the values as fndicated. It
neglects ths noise component at the signal frequency (components

% and N-K) and omits the OC term. The SNR is 101agg og?/onp?)




ano the gain is found from the ratio mgZmp? = ag/oy?. By
modifying equations (6) and (7), separatfon of sfgnal and noise

powers can be achieved for the Gaussian test method ag well.

1.2.7 New test signal

The various advantages and disadvantages of the two test signals,
as ‘specified by CCITT, have been discussed. This led to the
proposal of the new Poisson windowed sine wsve as a test signal.
Examination of the spectral properties of the signal reveals some
attractive features which will have to be examined thoroughty In

the computer simulation. The test signal is given by:

v(t) = vpeak,exp(~blt]}.sin(2sF t) ~tdur/2 <= £ ¢ tdur/2

=0 otherwise

It is & sine wave with peak value ’vpeak’ and it Is windowed by
the double sided exponential and & rectanguliar window. The

equatfon for the window is thus given by @

dp(t) = dglt).dplt}
where
delt) = el-bith)
and
dple) =1 ~tdur/2z ¢= t <= tdur/2

=0 otherwise

Another perameter, &, is introduced to conveniently describe the

Poisson window. & is the final value as indicated in figure 1.6.
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Figure 1.6 Pojsson window

Thus, at t = tdur/2

a

exp{-b.tdur/2)

or b = =(2/tdur}.In(a)
Two of the parameters a, b and tdur fully define the window.

Examination of the spectrum of the waveform is necessary to get
an idea of the bandwidth required. The Fourier Transform of
equation (2) will reveal this information.

dp(t) = dg(tidplt)

D(F) = Dg*Dg(F)
where

Delf) = Fldglt)}l = (2/b) / (1 + (2nf/e)?)

Dg(f) = F{dg(F)} = tdur.Sa({rf.tdur)

Figures 1.7 and 1.8 below show these functions and the order of

the magnituces of the bandwidth associgted with each can be seen.




The bandwidth of the rectangular window fs in the order of

1/tdur,

LX)

S | o P

Figure 1.7 Power spectrum of rectanguiar window

oGt

Figure 1.8 Power spectrum of the exponential fumction

The bandwidth of DE(F) ts a function of b, which can be specified
in terms of & and tour as follows

Foup = b/27

foan = [=21nla)1/[2vtdur]
A table with typleal velues for a and tdur shows thst the 6dB
frequency Falls between (/tdur and 2/tdur, see table 1., Vm s

used to denote the final amptitude vaiue in number of units and

s



fs equal to a * vpeak.

Vi a tdur(s] feag Hz
MR 8 0.0020 1 1.99
16 0.003% 1 1.77
32 0.0078 1 1.54
: 64 0.0156 i 1.3z .
R 8 0.0620 2 0.99 E s
- 16 0.0039 2 .88 |
. 3z 0.0078 H 0.77
: 64 0.0156 2 0.66 i
’

Table 1.1 Typical &dB bandwidths with vpeak = 4096
As the first nuii of the rectangulsr window fs at 1/tdur we can

see thet this test signal achieves & bandwidth in the order of a

few Hz. The value of the spectrum falls off according to 1/F2.

" The FFT on the total test sipnal Is performed in a series of B P

T | blocks as shown fn figure 1.9 below.

ypask

halt-block~,

N Earmilen ;

Flgure 1.9 Subdiviston of test signat




N
o If N {s the number of points used {n the FFT, the test signal is
i divided into 2B blocks, eseh havimg N/2Z points. Each half-block

o on the one side of the test signal s then Joined to its correse

ponding half-block on the other side of the signal. The resulting
" blocks, with N samples each, sre FFT’ed and the gain and SNR's
- i are calculated for this signal level, It will now be shown that .
o processing of the shorter blocks does not change the bandwidth,

which is alse the reason for performing this Joining process.

{f the signal frequency {s chosen such that thers Is an integer
number of cycles per block, the effect of the rectangular window
- will be hidden and &)) the sfgnal power will be confined to one

spectral line. This Is due to‘the fact that the freguency 1line

separation !s equal to the distance between the nulls of the N
- rectangular window. Convolving this single spectra) line with tha
\ frequency spectrum of the exponential function, merely gives a

replica of the exponential spectrum at the signal frequency. The

! 1ine of reasoning is !ilustrated In figure 1.10.

\ : ¥ U ) |5 ' |

ity
c T G i
Figure 1.10 Illustration of bandwidth conservation
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This fs a very favorable result because separate processing of
each block pives & set of values far gsin and SNR of incressing

sfgnal levels without a change fn bandwidth.

Caloulations of the galn snd SMR are mede as described under the
theory for the transposed test connection fn section 1.3.5. The
narrow bandwidth occupted by the sfgnal allows us to neglect the

noise components Within that band.

The following chapters will describe the method used to subject
the test signal to practical testing sftuations as well as the
results cbtained. The devalopment of an alternative test signal

s also described.




2 TEST SYSTEM LAYOUT

2.1 Introduction

A set of programs were developed for the evajustion of ths
proposed test signal., The progranming language used was Turbo
Pascal. Although some other langusges are much more time
efficient, Turbo Pascal allowsd the quick development of & number

of Flexible modules.

Due to fairly long running times, the programs used were splfg
into three main sections namely simulation, processing and
plotting. These shown in figure 2.! as well as the way they

interact.

Simulation

CODTEST.PAS

Flle ***.DAT

Progessing

PROC. PAS

Fite *** CLC

Plotting

PLOT.PAS

Flgure 2.1 Program subdivision




The first section simulates the physical test setup consisting of
the encoders, decoders and filters. The output data of this
section 1s stored fn a file on disk, and is then processed by the
second section. The results are stored in another file, which Is
read by the plotting program for the plotting of the SNR and gain

graphs. Each of these sections will now be described briefiw.

2.2 Simulation

Three of these programs exist viz. CODTESTS.PAS, COOTESTP.PAS and
CODTESTR,PAS. The only difference between tham lies in the test
signals thet they use. The first {s for a pure sinusoidal test
signal ana will be deseribed in chapter 2.5. The second is for
the proposed Polsson windowed test signal end the third is for
the single sided exponentlally windowed signai, which originated
later on. The main modules of the simuletion package are shown in

flours 2.2 below.

gendatafrencoderHDUTH interpoiatefrrec filter|

" —
FILE »*» DAT-{decodertiEUTH decimate sen €ilter

Figure 2.2 Main modules of the simulation program

The switches in the figure Indicate the optton of fncluding or
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excluding specific modules during the stmulation. Each one of the
modules will be discussed in detail in chapter 5 and program

iistings will be glven in the appendices.

Due to the restrictions of Turbo Pascal on the total size of data
variables, the input signal wes divided into & number of blocks,
each contalning 256 samples. The biocks are sent through the
sequence one by one and are stored fn one array, called
‘out_dta’, at the end. After a1l the blocks have passed through,
‘out_dta’ is dumped onto disk In = file with & relevant name and
the extension .DAT. The name gives information regarding the test
sfgnal used ss well &5 the modules which were included in the

simulation (eg. Filtered versus unfiltered codecs).

2.3 Processing

Different processing programs exist, having the names
PROC***.PAS, The ‘***’ suffix is used to indicate the type of
test signal used and the number of output points generated. A

block disgram of a processing program is shown in figure 2.3.

The input data for the simulstion s regenerated by the procedure
‘gen_data’ and the simulation output is obtained from the #**.DAT
file by the procedure called ‘get_dsta’, Processing is done block
by block (256 sempies per block). The procedure ‘calculate’
caiculates the SNR from the FFT data and the gain by taking the
retio of the regenerated {nput signal level and the output signal

level. This informstion is stored in a ftle called ***.CLC.
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Fite **+,CLC

File *#» paT|

Figure 2.3 Main modules of the processing program

2.4 Plotting

The plotting programs, called PLOTY#%.PAS, each has a suffix
indicating the number of deta points used (eg. PLOT99, PLOTTSS
etc.). The data is read from a ***.CLC file and s then passed to
two procedures viz. ‘plot_snr’ and ‘plot_gain’, which piot graphs
of SNR versus signal level and gain veriation versus signal level
respectively. The high resolution graphics mode (640 X 200

pixels) of Turbo Pascal was used for piotting the graphs.

2.5 Reference curves

Before the proposed test signal could be evaluated, the
generation of refersnce curves for a standerd test signal was
necessary. Assessment of the new signal could then be done by
comparing the different reference curves. The sinusoidel test
method as specified by the CCITT, (CCITT Recommendation G.712,
19848), was used, This method uses & pure sinusoidal test signal

at a1l possible input signal levels.




A known property and disadvantage of the reference curves for
pure sinusoidal test signals fs its severe sensitivity for signal
level. This sensitivity to signal level is caused by the non-
uniform amplitude distribution of the sinusoidal test sfgnal. The
resolution of the graphs have to be fairly high (: 0,1 dBm0), in

order to get the exact shape of the curves.

The graphs for the SNR and gain varistion for en ides! encoder-
decoder palr, obtained by the simulation program CODTESTS.PAS,
are shown in figures 2.4 and 2.5. Psophometric welghing for the

SNR was done @ccording to CCITT Recommendastion G.22% ((984e).

SIGNAL TO NDISE RATIO [ot]

80 -40 )

30 <20
sionat vever Tomng)

Figure 2.4 SNR graph for an ides) encoder—decoder pafr

using a sinusoidal test signal
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Figure 2.5 Gain variation for an ideal encoder-decoder pafr .

usirg a sinusoidal test signal . N

The CCITT masks for sinusoidal test signals, as specified in
CCITT Recommendation G.712 (1984a) were included in each one of

. the figures.
'

Now that an overview has been given of the test strateay and

ref'srence curves have been obtained, the detsiled study and the
evaluation of the proposed Polsson windowed signal can be

RS described. This will be the toplc of chapter 3.
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[ 3 THE POISSON WINDOWED SIGNAL

3.1 Signal psrameters end properties

Most of the properties of the Poisson windowed test signal meking

it attractive have been discussed fn chapter |. The most

favorable one was the possihility to process the sfgng! in a .

blockwise formst without any incresse in bandwidth.

N In order to use the signal in a physical test setup, a zero-shift
had to be {atroduced and values had to be assigned to ali the
H

varlgbles in the eguation. The signal became :

V(t) = vpeak.exp(-blt-tdur/2().sin(2afy (t—tdur/2) ) s
0 <o & < tdur o
The signel is shown in Figure 3.1.
K

Tur

olw
4
4
p=:
<3
=g
o=
—
——t

Figure 3.1 Test signal as used in proyram '

The values of a and vpeak were chosen such that the whole signal

range was covered (-60 dBmO to O «Bm0). This correspended to

values vpeak = 4096 units and & = £,00!. (The cBmi scale uses the
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value 2840 untits as reference level.}
The number of points used in the FFT influence the measurement
accuracy. Values of N = 256 or greater have been found to be

satisfactory by Debbo (1984).

According to CCITT spezifications G712 ((984a), the signal
frequency f. must lie In the freguency range 700 - 1100 Hz
(exctuding submultiples of the 8 kHz sampling frequency). The use
of the FFT for processing the data, implied another restriction
on the signal frequency. Debbo (1984) shawed that when using a
256 point FFT,the signa) frequency has to be an fnteger multiple
of Af = 31,25 Hz. This fs to avold leakage of the signa

component to other frequencies without the use of complex

windows. A test signal freguency of 1031,25 Hz was chosen.

With the number of points per block as well as the sfona
frequency fixed, the test time per biock s fixed as well. The
parameter ‘tblk’ was used to denote the time duration of one
block and is equal to
thlk = 256 * (1/f.)
= 286 * (1/1031,25)

= 32 ms
The duration of the whole test signal, tdur, will thus only

depend on the number of blocks 1t consists of. Table 3.1 shows

different test times in the order of one to two zeconds.
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8 tatur
30 | 0,96 s
40 | 1,28 s
50 1,60 s
60 2,24 5

Teble 3.1 Test time as & function of the number of blocks

A test time of 1,6 s, corresponding to 50 blocks, was chosen. The
50 blocks used during proce~sing were each made up of half a
bloek, coming from either side of the test signal., Ihis was

described in chapter 1.3.7.

3.2 Test setup

The spectral properties of the Poisson windowed signal were
diseussed in chapter | and some tests had to be performed to
determine the maximum possible separgtion of the aignal and the
notse components. This was achieved by doing a FFT on the test

signal {n Its pure form and examining the SNR. See figurs 3.2.

Figure 3.2, Determining the maximum SNR.

31

o~



The FFT results showed that most of the signal energy was
confined to the frequency line f. plus one |ine on either side.
These three speccral lines were added to gat the stgnal component
and a!] the remaining lines (except 0 Hz) were sdded to gt the

nofse component. The resulting SNR for the pure signal was :
SNR = 46,3 da.

Wnen looking at the oversll SNR of two separate devices in series
(A and B), 1t can be shown that this value is too low faor
agcurate measurement. Let device A be an {desl enceder-decoder

pafr with an average SNR of :

SNRy = 20 log(B/Na} = 37 B
or Ny =5 X 14,13 X 1073

Device 8 !s the measuring device with a maximum sfgnal-to-nofse

separation of 1

SNRg = 20 Jog(S/Np) = 48,3 dB
or Ng =8 X 4,84 x 1073

The measured SNR of the !deal encoder-decoder w!ll be the

comined SNR, given by :

SNRT = 20 log{S/(Na + Ng))
= 34,4 dB

>



- It is obvious that the margin for error in the measurement is not
T " large enough. It could thus be said that sccurate separation of
signal and noise, using this method, proved to be impossible due
to the specific spectral properties of the signal. An alternative
i measurement technique had to be adopted and this led to the idea

of using an inverse window on the block of data Jjust before doing

T the FFT. This window fs the fnverse of the exponential window
used by the test signal ftself and it Flattens out the block as

shown In figure 3.3.

7

/
x
L]

. BLOGK WINDOW RESULT

1
!
ol Figure 3.3 Inverse windowing of blocks

Due to the fact that the signal freguency was chosen such that no

spillage occurred to other frequency components, the windowed
signal was a pure sinuscidas) with only one spectral line at f.,
The SNR obtained for a pure uncoded signal was 94 dB. This was &

much more reaiistic value for accurate measurement.

i
i
I
One disadvantage however of the inverse windowing. is thet &
33
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- certaln amount of distortion is being Introduced, The effect of
this s assumed to be negligible on the following grounds :

DI

X ~The difference betwean the amplitudes st the bealnnirg of the
L block and at the end of the block are very smali for the
o chosen valuss of b and tbik. The distortion introduced will
thus aisc be very small.

-Noise components at the beginning and at the end of the biock

are incrpased or boosted, whereas the nofse components in the

‘ middie of the block sre decreased. To a certain degree, this

hes the effect of cance)iation.

An equatten describing the shape of the window had to be derlved.

This was done by looking at the bssic formuls for the block

. vit) = vpeak.exp(blt}).sin(Znf t)
~tbik/2 =¢ t < thik/2 ¥

The window must remove the exponential term and is thus given by:

o . Wit = weonst.exp(-bitl} L . .

‘ The constent wconst 1s needed to make sure that the rms value of

the signa! stays the same before and after the windowing. This is
5 critical requirement for accurate measurement of the gain

vartation., It s done by setting the rms values of the !

-0 unwindowed sfgnal equal ta thet of the windowed signal and then

solving weenst.

' Vit ppg = viE) oWt} e

: u |
|
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After a rlgorous fntegration erocess, shown In sppendix A, the

vaiue of weonst was found to be equal to :

weonst = ¥ (I-exp(~b.tb1k)) /(b TbIk)

The value proved to be correct because the value obtained for the
gain of an uncoded signal was exactly one. Tests could now be
performed to obtain the SNR ard gain graphs of fdeal encoders snd

decoders.

3.3 Results

In the first simulation, the reference curves for an fdeal
encoder-decoder pair had to be found. The transposed test
configuration &s described In chapter one was used. Ali fiiters
were excluded. The resulting graphs had to be compared with those
obtalned for 2 pure sinuscidal signal in chapter 2.5, In order to
determine the effect of the Poisson window, At first, only the 50
blocks of which the test signa! wes built up, were used for
processing. This provicded a signal level resolution of roughly

1,2 cBm€. Results are shown in Figure 3.4 and 3.5.

The basic shape of the curves {ooked the same as for the pure
sinusaidal tests obtained fn chapter 2.5. 1t was impossible
though to continue the assessment due to the fact that the exact
shape of the graphs were unknown. At this stage no additianal
information regarding the sensitivity to signal level, could be

obtalned. Tests with higher resolutlons thus had to be performed.
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In order to get graphs with higher resclutfons, more blocks had
to be used for processing. This could be achieved by shifting the
block-starts by only fractions of the total blocklsngth and
overlavping them. Attempts to do this revealed a severe
limitation on the overlapping of blocks for this test signal.
Problems arose in the middie of the blocks due - the Fact that
two half-blocks from either side of the test ' had to b

Tinked up for processing.

Figure 3.6 The linking of half blocks

The signal frequency was chosen such that an integer number of
cycles fall into one block. There will thus slways be an Integer
number of half cycles it half a block. If ¢ nalf-Bfock starts on
a zero-crossing, 1t will also end on a zarc-crossing and by

tinking the other half-block to It the continutty of the sine
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wave will be preserved. The same argument holds for blocks
starting and ending exactly on peaks of the sinusoidal. If the
blecks start at any other point, e section of the sine wave will
be missing in the middle of the bjock. This is illustrated in
Figure 3.6. The effect of these discontinuities in the sinusoidal
is distortfon of the frequency spsctrum which makes the seps-

ratfon of signal and noise impossible.

The shifting of blockstarts had to be done fn such a way that
each bicck started on efther a zero crossing of a peak of the
sinusoidal. With the chosen frequency (1031,25 Hz) and the
sampling Freguency (8000 Hz) there sre only two such pofnts per
biock avaijabie that coincide with sampies. All other zero
crossings and pesks fall between samples and this makes It
tmpossible to start blocks at these points. The maximum
obtainable resolutieon, using this measurement methed, is
(ZX50)-1 = 99 blocks. (The last block cannot be shifted by half &
block because it will overlap with the other half of the test
signal.) This corresponds to a signail level resolution o

spproximately (60/9%) = 0,61 dimd.

There exists thus a fundamental 1imit on the resolutfon obtain-
sble due to the specific choice of the signal frequency and
sampling freguency, Changing the signal frequency to 1062,5 Hz,
which is also an scceptable multimle of 31,25 Hz, results in
twice as many available block starting points. The resolution can
thus be Improved to 0,3 dBmD. This though s still not sufftcient

to determine the exact shape of the SNR and gain graphs. An




IS alternative messurement method or -test wave had to be found te

R overcome this restriction.

- 3.4 Summary

Though all tests performed in the previous section were without

Fiiters, it must be pointed out that one of the main reasons for

using the Foisson windowed signal, was the need for a gradual
wn change {n amplitude level when probing the whole range. The

filter response would be upset by a stepped amplitude increase as

used in chapter Z.5. The property of the test signa! being a one—

shot method was also a major considerstion for its choice.

Two major drawbacks of this test signal were identified in the
previous section. The first one was the limit of 46 dB on the
migimum signal to noise separatfon. This was due to the shepe of
the power spectrum of the blocks used for processing. The idea of
inversely windowing the block just before taking the FFT solved

this problem. The signal energy was now confined to one spectral

line and this made sccurste measurement possible. A certain

degree of distortion was Introduced by the inverse windowing, but

/ the effact of it on the refarence curves was assumed to be

negligible,

The second problem was the limftation on the signal lavel
resolution. This was due to the problems that resulted during the
merging of half-blocks from either side of the test signal. Up to
now, the exact shapes of the SNR an gain graphs were unknown due

to & iack of resolution and this made sssessment of the effect of




the Poisson windowing on the reference graphs Impossibls.

With these problems in mind, the idea of a different test signal

without such limitations originated.

sided exponentially windowed sinusoidal end it will

of the next chapter,

1t was that of a single

be the topic

.



4 SINGLE SIDED EXPONENTIAL WINDOW

4.1 Signal properties
This signal has all the favorable properties of the Poisson
windowed signat, without the restrictfons fdentified in the

previous chapter. It is shown in figure 4.1.

hpoakt
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Flgure 4.1 The single sided exponentially windowed test signsl

It can be seen that the amplitude starts off at a very small
value and increases graduaslly te finish st the clipping level of
the codec, vpeak, The signal thus adheres to the requirements of
& test signsl for filtered codecs. it Is stiil a one-shot method,
covering the whole smpiitude range (n the same time as the

Boisson windowed signal.

The mest favoramle property ls that there is no 1imit on The
overlapping of blocks. Each block of 256 points, no matter where
it is chosen, will have an Integer number of cycles and will be

phase coherent. The signal jevel resolution can thus be iacreased
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to any required level.

The sianel equation is gfven by :

vit) » vpeak.exp(b.(t -tdur)).sin(2ef.t)
0 ¢ t < taur

The expon=ntial time constant, b, {s half of that for the Polsson

windowed signal.

b = -In(a)}/tdur

All the other variables stay the same. The blocks used for
processing still consist of 256 points, correspending tc

thik = 32 ms.

A close took at the blocks used for processing, revealed that the
same amplitude range was cov.red per biock &s with the Polsson
windowed signal. The disto tion introduced by the inverse
windowing- Just before takir. the FFT. was thus of the same order

and could still be neglectied.

4.2 Test satup

Varijous tests could now be performed with the reduired
resolution. Exactly the same procedure was followed as with the
Potsson windowew signal. The whole test signal would flrst be
sent through the simulatfon packsge. The result would then be

processed blockwise to give the data needed to compiie the SNR
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&ndt galn graphs.
The fnverse windowing just before taking the FFT had to ba
changed slightly, A block of data and fts corresponding window

are shown in figure 4.2.

Figure 4.2 Data biock and 1ts corresponding window.

With the basie squation for a data block given by :

Vi) = vpeak.exp(b.t).sin(21f.t}

the window must remove the exponentfal section and will be given

by t

WiE) = woonst * exp(-b.t)

Here again, wconst [s a constant needed to make sure that the

unwindowed sigrnal end the windowed signsl .isve the same rms




¢ ! value.
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The integration process is similar to the one shown in appendix A

N and it was found that 1

woonst = J (exp(2.b.tbIK) - 1}/(2.b.tbik}

Performing the same test as In chapter 3.2 on an uncoded signal
to determine the meximum signal-to-noise separation gave values
of more than 200 dB. This indicated the possibiiity of very f

accurate fieasurement.

Two tests were psrformed. The first test wes on an unfiitered
Ideat codec and the sscond test wes on s filtered codec. Figure
4.3 shows tho test sstup where the first test was performed with
the switch in & closed position, bypassing the Filters. In this
way the affect of the f{liters on the reference curves could be

studied.

Two fmportant pofnts had to be taken into consideration. The

First one was the need for @ ‘startup’ block. This s an extre
block of deata at the beginning of the test signal used Yo give ‘:
the Filters = chance to settle down and let &) the transient !

e responses dfe awsy. This block fs not used for processing.

JTE N .
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ENCODER out REC FILT[—|SEND FILT T3 EUT DECODER

Figure 4.3 Test setup with and without filters

The other filter effect that had to be compensated for is the
phese delay it introduced. The theoretical phase delay was
calculated and the output data was shifted correspondingly during
the decimation procedure, The exact method used wili be described

in chapter 5.3,10.

The resuits of all the tests performed sre shown and discussed in
the next segtion. The effect of chanaing the test time, tdur,

will aiso be discussed.
4.3 Results

4.3.1 Unfiltered Codecs

The first test run was performed on an ideal encoder-aecoder
pafr. The resclution used o plot the graphs was very hizh in
order to get the exact shapes of the curves, The SNR and gsin
varistion graphs, each with a resolution of 788 points (60/785 =

0,076 dBm0), are shown in figures 4.4 and 4.5.
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gure 4.4 SNR graph for an ‘ideal encoder~decoder pair
g the single sided exponential test signal with dotted
showing the envelope of the pure sinusoidsl test results

GAIN VARIATION [28]

S

L
3

Figure 4.5 Gain varistion for an ideal encoder-decader pair
using the single sided exponential test signal with dotted

Vines

shawing the envelope of the pure sinusoidal .est resuits
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The outsides af the envelopes of the graphs for the pure
stnusoidal signal are shown by the dotted 1ines. The windowing of
the test signal thus produced much smoother curves in both cases.
This is & very desirable propeirty because devices can now be
tested with Fewer points, without missing sharp peaks or dips.

The processing time can thus be reduted.

The exact effect of the windawing of the test signal is an
increase in bandwidth. This gives a bettar smplitude distribution
af the {nput signal., decreasing the sensitivity of the SNR and

gain varistion graphs with respect to sfansl level.

The bandwidth of the test signal Is dependant on the exponential
time constant b, This led to the idea of changing b, and
observing the effect on the reference curves. Changing b merely
implied changing the test time. Oecreasing the test time was the
only acceptabile thing to do, which meant increasing b. Two tests
were performed with different values of tdur, The one used half
the test time (tdur = 0,8 s) and the other used one eighth of the
ortginsl test time (tdur = 0,2 s) to cover the same amplitude
ranges, The two SNR graphs are shown in figures 4.6 and 4.7.
Figures 4.8 and 4.9 are the gain variation graphs for tdur =

0,8 s and tdur = 0,2 s raspectively.

The SNR graphs became smoother as tdur dacreased. Due to the much
larger bandwidth covered, this could be interpreted as an
approximation to the measurement method specified by the CCITT

usfng nofse.
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There {s however an upper limit to the value of b, due to the
incressing amount of distortion being iIntroduced during the
inverse windowlng process. Changing b too much wilt rec ire an

alteration of the masks as specified by the CCITT es well.

The gain graphs are alse affected adversely if the vaiue of b is
too high. The curves are much smoother at low signa) levels but
an osciilatory pehavior is devaloped if the value of b becomes

too high.

It is thus proferable to keep to the original value of tdur
(1,6 s), fn order to minimise distaortion and to be able to use

the same windows as specifled by the CCITT.

4.3.2 Filtered codecs

Next the receive and send filters were included in the simule-
tion. The results are shown in figures 4.10 and 4.11, The dotted
lines an the graphs represent the results of the previous section

viz. for unfiltered codecs.

1t can be seen that there is & drop in the SNR graph of about
1,5 dB, This is not an unexpected resuit due to the fact that the
filters ensure a mare continuous amplitude distribution of the
input of the encoder under test. It can be shown (Hanrahan
1984p), that a chain of two ides) haif-channel test sairs in
cascade has the same performance as two f{deal Full chewe) test

pairs.
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1f howevér, the amplitude distribution of the test signal is

changed by some analogue process |{ke the filters or dithering fa

the middie, the quantisation distortion of the sacond two haif-

channel test palrs will be added.

The gein variatton greph has an offset of aywroximateiy 0,1 dB.
This corresponds to the theorstical llter gain of 0,988 at the
signa! frequency {1031,25 Hz). A correction factor can be
introduced to eliminate the offset, but it |s suggested that a
new gain variation mask is defined. This mask wi)) specifically
be for the transposed test conflguration on filtered codecs and

wil} merely be the o!d one dropped by 0,1 dB.

4.4 Summary

The adventages of this test signal were pointed out (n the

beginning. The two main ones were ¢

- The continuous fncrease fn the input ampl{tude, which Is a
necessity for flitered codecs.
-~ The fact that there (s no lim{t to the overlapping of

blocks during processing. The exact shape of the curves

could thus be determined.

The need For the inverse windowing of biocks just before taking
the FFT‘s still existed. After defining this window, two sets of

‘tests could be performed.

The first test performed was on an ideal encoder-decoder psir and




a favorable property of the test signai was identified. 1t was
the elimination of the severe sensitivity of the SNR graph expe-
rienced for the pure sinusoida! test signal. This wes due to the

inecrease in bandwidt! caused by the windowing process. The

incressed bandwidth fmplied a better amplitude distribution of
the fnput signal. The effect of increasing b, or decreasing the
test time (tdur) wes also fnvestigated. It was found that too
short test times were undesirable due to distortion being

introduced during the fnverse windowing process.

The second test was on an fdeal encoder-decoder pair with the
send and recafve fllters. A drop of both curves accurr;d. The
drep of the SNR greph was due to the more continuous amplitude
distribution of the fiitered signal. It was mentioned in chapter
1.3.5 thet the Input signal for the encoder under, test should
have a continuous probabliity density function to prevent smait
errors In the encoder and decoder from going undetected. Four
operations on the {ntermediate signal were mentioned, one of
which was analogue filtering. By using the same mask for the SNR,
a much smaller margin for error is allowed. Thfs has the same
effect as performing half~channel tests with their more stringent
specificatlons, It will thus ensure that the encoder can form an
acceptable communication link with any decoder and vice versa.
The drop in the gain varfation graph was merely due to the non
unfty gain of the filters a.t the specified filter frequency. The

use of a new gain mask was suggested for testing filtered codscs.




5 PROGRAM DESCRIPTION

5.1 Introduction

Chapter 2 briefly described the three main sections tnto which
the programs were divided viz. stmulation, processing and
ptotting. A block disgram combining these programs and showing
all the procedures used, Is shown in figure 5.1. All the main
variables used for the inteliigible transfer of dats between
these procedures are shown as well. The hardwere requirements of
the system wiil be given In section 5.2. After that, each one of
the three programs, with ali {ts procequres, wil) be described in

detail under the headings as shown in figure 5.1,

5.2 Hardware requirements
Erograms have to ke run im Turbo Pascal (version 3) on an IBH PG,
XT or AT computer (or compatible) with ’

= 640 Kbytes of RAM.

~ 8087 co-procesnars

- a graphics card and monitor.

Due to the leng rusning times of the simulation and processing

programe. it is suggested that an A\ -computer is used.

5.3 Stmulation

Three simulation programs were used and the names of the filec

each one generated are shown In table 5.1.
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5.3 SIMULATION 8.

gen_data
5.3.1
dta_bik

draw_block
5.3.2

aplk

Tec_Filter
5.3.8

Fo_bik

a_bik
sen_fflter

5.3.8
fa_hlk

decimate
o

out_dta

#e#DAT

FILE

4 PROCESSING 5.5 PLOTTING

*DAT
FILE

get_oit_bik
5.4.1 srcLC
out_blk FILE

FFE
5.4.3 plat_gain
shurfle 5.5

FPE_blk

calcutate
5.4.4

cale

“ww.cLC

FILE

Figure 5.( Block disgram of overall test systen layout.
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. Test signal Program name File generated Filters
Sfrusoldat CODTESTS. PAS BCGD. DAT Excluded
Poisson windowed | CODTESTP.PAS PCOD.DAT Ex¢|uded
Single sided CODTESTE.PAS BCOD.DAT Exeluded
exponential BFULL .DAT Inelude

Table 5.1 Different simulation programs and files

As mentioned in chapter 2 date was handied in blocks of 256
peints. This was due to the fundamental restrictions of Turbo
Pascal on a max!mum of &4 kbytes of memory available for data
variatles. Painter variables were also used to overcome this
Timitation. One big varfabie ‘out_dta’, contsining the whole
output response of the simulation, exists. It is filled up by the
smaller biocks es the simulation progresses. Once the simulation
s completed, ‘out_dta’ is written to a file. The listing of the
simulation program can be found in appendix B. The deciarstion of
constants and variables is shown on the first page and fs
followed by all the procedures used., Each of these will now be

tiscussed in detail.

§.3.1 Procedure gen_data
Inputs : Blocknum

Outputs : dta_blk ¢ array(0..255] of real.




Deseription : This procedure generstes a block of input dats,
which corresponds to a section of the test signal. There are
three different gen_data procedures, one for each one of the
three CODTEST programs. This is alse where the main difference
between these programs lies. Esch program uses the relevant
signal equation {.e., sinusoldsl, Poisson windowed or single sided
exponential to generate the fnput sequence. Blocknum specifies
the block being generated and a time shift of teqv =
(blocknum-1)*tblk is fntroduced to get the correct offset on the
time axis. The time trel {s the time relative to the blockstart
and is incremented by one sampling interval (125 gs) from sample

to sampie.

The pure sinusoidal test signal is easy to geperate. The
amplitude {s {neremented form block to bluck accerding to an
exponential function, This is done to ensure a |inesr amp!itude
change on the logarithmic signal level scale (dBm0). A siight
offset was introduced in the sine functlion, (+1E-9), Just to

distinguish between +0 and -0 values during encoding.

For the Pofsson windowed signal, enly the first 128 values are
generated. The First half is then duplicated onto the second
half, with opposite signs. It must be noted that the time shift
between biocks s only half a block due to the fact that half-

bfocks from efther side of the test signal are merged

Tha single sided exponential test signal has a block repetition

Interval of tblk. Thers fs an additional time delay of tblk to

57




implement the extra block of data needed For starting up the

Filters.

5.3.2 Procedure draw_block
Inputs + dta_blk

outputs : Disblay output.

Description : This procedure merely draws the black of data. It
was used in the Initial stages of pragramming as & rough check on
the liput data as well as to ensure correct 1inking of half-
blocks. It calls procedure ‘frame’ to draw a frame around the

picture and then merely plots out the data points.

5.3.3 Procedure enc,_lookup
tputs ¢ None

outputs 1 fdl_enc t array[1..128] of integer
Doscription : This procedure gemerstas a tookup table withn the
128 decision leveis of sn ideesl A-law encoder. The transfer
function of the encoder is Implamented in sesments, edch segment
baing @ 1{near stajrcase with 16 fnterval . ine eauations used

are glven by

1dl_enclint} = 2%int for seg = 0
idi_enc[int + l6%seg] = 2(888-1),(32 + 2%int} for seg > 0

where [nt = Interval (1 to 16)

seg = segment (0 to 7)




5.3.4 Procedure encode
Inputs + dta blk, idl_enc

Outputs : enc_blk ¢ array[0..2551 of byte.

Description : This procedure takes each one of the input values
of dta_blk and encodes them using the fobkup table gensrated by
the previous procedure. The most significsnt bit §s set according
to the sign of the signal. The encoder output value Is then found
by using the successive mpproximation techricue. The output Is of
the type byte which corresponds to the real [ife 8~bit code

produced by an encoder.

5.3.5 Procedure dec_lookup

[nputs : None
Outputs : idl_dec : arrsy(l..128] of integer.

Oeseription 1 This procedure generstes a jookup table with the

128 decoder output levels of an ideal A-law decoder. The

equations used are 3

tdl_cec[int] = (2*int)-1 for seg = O
tdll_dectint + 16%seg] = 2(38971).(31 4+ 2*int)  for seg > O

PR ¢
where int = Interval (! to 16)
seg = segment (O to 7)
o
i 5.3.6 Procedure decode
Inputs + fdi_enc, enc_bik
. Outputs ¢ dec_bik 1 array [0..255] of real

. Description : This procedure merely checks the stgn of the signal




and then returns the dicoder output level corresponding to the
encoder code. The decoder tookup table genersted by the procedure

dec, leckup 15 used.

5.3.7 Procedure interpolate
Inputs + dee_blk

outputs : q_blk ¢ pointer variable with g * 256 pointd,
Description : This mrocedure interpoletes by o Factor § between
the sampies. The fnterpolation fs requirsd to prevent distortion
due to the overlapping of the two frequency spectrum halves of
the digital filters. A faclor of g = 32 was found to be satis-
factory. Indexes “samp!’ and ‘offst’ were used to address ;H the
points. ‘Sampl’ points to the specific sample and ‘offst’ palnts

to one of l1ts 32 interpolated values.

5.3.8 Procedure rec_ f1lter

tnputs s ablk, last_res, recdel

Outputs + fa_blk : pointer varisble with g * 256 points.
Description ¢ This procedure fs a digital simulation of a typica)
receive filter used in PCH codecs. 1t fs & fifth order elliptical

filter with the following poles and zaros :
Poles & pp = -16800 rad/s
Pys Pz = <9626 &£ ] 17378 rsd/s

Py- pg = -2230 £ § 21370 rad/s

Zerss + Wy, wp =

o

+ | 31420 rad/s

o

W3, wq = 0 & § 44610 rad/s
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s . A standard filter design package was used to split the #{lter up
into three parallel sections for easier realization. One first

RS order section and two second order sections are used and are N

shown in figre 5.2,

‘ 4 -
I ' Yout
. ECTION 2 . ! .

Figure 5.2 Breaskdown of filter into paralici sectians }

I

Each section is of the form &

ag + 227!

Hiz) =

bg + byz™! o+ bpz2 g
Values for the coefficients of each section were found Using the ‘

filter design packaga. A standard realization method was used snd

is shown in Figure 5.3.

Additional variables last_rec and rec_del were needed to store
the delayed fmput and output values of each section. Variable

last_rec stores the previous fnput and is the same For each

&1 . B




£

section. Variable rec.de! is a 2 X 3 array, storing the last two

output values for each filter section. These variasbles have to be
fnttalized at the beginning of the program and are thus set equal
to zero. After a pDlock has bgen sent through the filter section,
these variables are passed to the main program and stored until

Filtering of the mext block,

Yout

Figure 5.3 Realizstion method for fiiter sections

5.3.9 Procedure sen_f1lter

Inputs + q_blk, last_sen, sen_de

Outputs : fa_blk

Oeseription : This procedure simulates a typical send filter used
fn PCM codecs. 1t s also a Fifth order elliptical filter with

poles and zeros :

Poles : pg = -16800 rad/s
Py, pgz = ~9700 & J 17500 rad/s
Py, P4 = ~2360 &+ j 22400 rad/s
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Zeros 3wy, wz = 0§ 29200 rad/s
w3, wy = 0 2§ 43200 rad/s

Implementation of this filter fs exactly the same ss for the
recefve fiiter. The output of the recefve filter, fo_ilk, is
transferred to variable q_blk, which is used as the input of this
procadure. Variable fq blk ts then used for the output of the

send filter.

5.3.10 Procedure decimate

Inputs : fg_hlk, blocknum, z_sampi, z_offst

Gutputs ¢ out_dta : pointer variable with 12800 rea} points.
1 point 1 integer.

Description : This procedure removes all the redundant data

points which were introduced by the interpolation procedure. For

each original sampie there are g = 32 interpolated values. This

procedure takes one of these 32 value: per original samplie and

discards the other dats points inbetween. It is necassary to

ensure that the correct one of the 32 possible sampies is taken.

The beginning of a block must for example start on a zero

crossing. This is illustrated in figure 5.4.

degimation

Figure 5.4 lllustration of the decimation procedure
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varisble blocknum is used to identify- the beginning of the output
waveform, The procedure fgnores the first block (blocknum = 1),
which is the startup biock for the fflters. It only starts
Filling up ‘out_dta’, when the second block of date (blocknum =

2) arrives.

Two additional variables, z_samp! and 2z offst, give the pesition
of the first zero crossing in the second block. The values of
these variables are set in the main program sccording to the

theoretical phase shift {ntreduced by the filters.

If the filters are excluded, the first zero crossing will occur
at sample number 0 and interpolation offset number 16, the middle
of the First sampie. This would correspond to values of z_sampl =
0 and z _offst = 16. If the filters are included, a time delay
will occur and the position of the firat zero crossing will have
to be determined. This is done by running the simulation without

encoding or decoding, The position of the First zero crossing for

the filters used was found at sampl 2, offst = 13. This

corresponded to the theoretical value, calculated as shown below,

Recelve Fllter phase delay at f,. = 44,4°
Send  fllter phase delay st € = 40,0°

Tota! phase delay < 88,4°
Time delay in terms of interpolation intervals
= (88,4°/360°%) * (B000*32)/1031,25

= 61 Interpolation intervals.

&4
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The zero crossing will thus occur at

(sampl, offst) = (0, 16} + 32 intervals
= (1, 16) + 29 intervals
= (2, 13}

Thus z_sampl = 2 and z offst = 13.

The varisble ‘point’ is used to peint at the next free position
in rout_dta’. If ‘point’ reaches the value of 12800 + 1,
‘out_dta’ is full and & message will be displayed. The main

program then transfers ‘out_dta’ to a file with extension .DAT.

5.4 Processing

There are a number of processing programs for the diffearent test
signals amd for the different resolutions. The suffix P is used
to dencte the Poisson windowad signal and the suffix B {s for the
single sided exponentiat. It is followed by a numaer giving the
number cf points at which calculations for the SNR and gain are

done,

The constants and varisbles used are similar to the ones used in
the simulation program. The declaration of the former and the
heading of the processing program are shown on the First page of
appendix C. After that, each of the procedures as well as the
main program are |isted. The procedures will now be described.
§.4.1 Procedure get_out_bik

fnputs : blocknum, out_dta
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Outputs ¢ out_blk : array [1..255) of real

Deseription : The main prsgram reads the relevant .DAT file and
transfers the data points to the bfg varfabie ‘out gta’.
*Out_dta’ will thus contain the whole output waveform of the
simulation. This procedure merely collects a block of 256 data
points from ‘eut_dta’ for processing. The block is then calied
out_blk. The program aiso uses a gen_data procedure to regenerate
the input signal for calculation of the gain variation. The over-
lapping of blocks in both the gen_dta and get_out_dta procedures

have to be the same.

5.4.2 Procedure window
Inputs : out_blk
Outputs t out_blk
Description : This procedurs applies the fnverse windowing Just
before doing the FFT. There are two of these procedures. one for
each of the test signals. [t also calculates the relevant window

¢onstant as described in chapters 3.2 and 4.2.

5.4.3 Procedure FFt )
Inputs t out_bik

Quiputs 3 FFE_bik 3 array(0..255] of real

Description : This procedure performs a Fast Fourier Transform on
the block of input date. The procedure can be split Up fnto two
sections, viz. shuffling and merging. The former (s performed by
2 separate procedure called shuffie and merely performs a
shuffling process, also cailed bit reverssl (Stelalitz, 1974).

The procedure fFft then performs the merging process which s also
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referred to as the butterfiy process. This Is a standard

procedure alsc described by Steiglitz (1974). For the sampling
frequency of 8006 Hz and 256 samples per block, the fraguency
Tine separation s 31,25 Hz. The sfgnal will thus occur st the

(1031,25/31,25) = 3379 spectral line.,

5.4.4 Procedure calculate

Inputs : blocknum, in_blk, fft_blk

Outputs 3 cale 1 array[l..mxbik, 1..3] of real
Description : This procedure calctlates ali the values required
to plot the SNR and cain variatfon graphs. First of all It
ealculates the Input rms signal fevel. It then convert‘s this

value to a dBm0 value, using 2840 units as a reference level 1

V{aBmO] = 20 * 1ag(v . /2840)

Next !s the calculation of the signal and nofse components of the

autput sfgnal. Due to the inverse windowing process, ail the

signal powar will be canfined to the spectral line at £,

(1021,25 Hz), This corresponds to line number (103{,25/31,25)

33 and the cutput rme signat value will thus be gfven by

vrme_o = / FFE_bIKL3312 + FFE_bIk[256-33]2

The mean squere value of the roise fs Found by summing the sauare
values of the remsining comwonents, excluding the )ine at 0 Hz.

The SNR can now be calculated by @
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SNR = 20 log(rms value of signal/rms value of noise)
The galn is caleulated by takjng the ratio of the Input signal

level to the output signal level.
galn = rms value of Input/rms value of output

The signal level (in dBm@) for esch block and the corresponding
values of the $NR and gain, are stored {n variasble ‘caic’. After
the whole signal hes been processed the variable ’‘cale’ fs

transferred to a file with a relevant name and .CLC extension.

5.5 Plotting

The different plotting programs merely differ in the number of
dats paints they use for plotting the graphs. The valus of mxhlk
as well as the names of the .CLLC Files glves the number of
points. There are two different plotting procedures, one for the
SNR (plot_snr} and the other for the gain variation graph
(plet_gain). They are basically the same and will be described in

general,

The main program reads the .CLC file created by the processing
program and then passes variable cale to the relevant procedure.
The psophometric welghing of the SNR graph is done at this stage,
According to the CCITT recommendation G223 (1984e) this
corresponds to acding 0,9 dB to the SNR. It must also be noted
that the gain values are converted to dB before the plotting of

the graphs. This {s done according to :

&8
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geingg = 20 log (rms value of input/rms value of output)

Now each procsdure sets up the axis and plots the graph. The

masks for the graphs are also drawn, The high resolution mode of

" Turbe Pascal, corresponding to 640 X 200 pixeis, was used. Graphs

were printed out using the normal ‘print screen’ command. The

listing of the program PLOT785.PAS can be found in appendix D. . "
'
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6 CONCLUSIONS

6.1 Review of the work done

The purpose of this project was to criticaily evaluate a proposal
for a new test signal, used to hest PCM codecs and filtars fn the
transposed test configurstion. The test signai to be evaiuated
was a Poisson windowed sinusoidal and it had & few properties

which made it attractive for testing purposes.

- Due to the gradusi change in the amp)itude level, it was
suitable for filtered cadecs.

- It was a ‘one shot’ measurement technique.

~ FFT process{ng could be done hlockwise without an incresse In

bandwidth.

A set of programs were developed to simulate the transposed test
configuration apd to obtain the reference curves of the Poisson
windowed test signal. The three main programs used were described
in chapters 2 snd 5, An additional progrem was written to obtafn
the reference curves of an fdea) A-law encoder-decoder pair,
using a pure sinusolidal waveform a&s specified by the CCITT. This
was required to mske 2 vomparative assessment of the newly

proposed slgnal.

In chapter 3 some tests were performed to determine the maximum
possible SNR sepatation of the signal. [t was found that accurete
measurement was impessible with the specific signal and method

used, The spactra] properties of the test signal were such that
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- too much energy lay in bands adjscent to the sf fraquency.

This made sufficient separation of signal end nois~ nomponents [

during processing difficult. The problem was overcome by using an : b

inverse window on » block of data Jjust hefore taking the FFT.
Although some distortion was introduced by the windowing, it was
assumed to be negligible, Arguments were put forward to show that

the distortion introduced was negligibly small.

The reference curves for an ideal A~iaw codec were olthained using
the Poisson windowed signal. It was found however, that a
fundamente! 1imit te the number of blocks overlapping each other
during provessing existed. There was thus an upper limit to the
obtalnable resclution. The sensitividy of the graphs to signal
tavel couid not be determined. It was at this stage, taking the
above mentioned problems Into cansideration, that the Tdea of the

one sided exponential test signal originated.

fn chapter 4 the advantages of the single sided exponential test

signal were )isted. The most important ones were :

- lts suitability for filtered rodecs.

. ’ ~ No 1imit to the resolution of graphs.

-~ Blockwise processing without the problems associeted with the

1inking of half-blocks.

The #{rst tests performed were to obtain the reference curves for
an ldeal A-law codec. The curves obitained were much smocther than

those for the pure sinusoidal test signal because of the larger
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bandwidth oceupfed by the windowed signal. The windowed signal
had & more even &mplitude distribution causing the graphs to ve
smoother. 1t was a favorable property because the graphs could
now be compiled using less points, without losing detatl 1ike in
the case with the pure sinusoidal test. The processing time could

thus be decressed.

The effect of Increasing the exponential time constent b, or
indirectly decressing the test time, tdur, was also investigated.
it was found that high values of b gave a more continuous
amplitude distributfon end it could be looked et as an
approximation to the noise measurement method spe:lﬂed'by the

CCITT. Problems associated with too high values of b were :

- Increased distortion of the eignel and quantisation nofse
during the inverse windowing process.

~ A large bendwidth could present probiems with filtered codecs
because the magnitude response ts not always filat and the
phase response |s not always i{nesr over the bandwidth in

questfon. This would make modeling difficult.

There was thus some limft to the vaiue of the exponantial time
constant at which these probiems were st!ll tolerable. In order
not to have to change the CCITT masks, & value for b, corres-

poading to a test time of 1,6 s was Suggested.

1e Final tests performed were on an ideal A-law encoder-decoder

palr wlth typicsl send and receive Filters, The effact of the




filters on the SNR graph was a slight drop &t higher amplitudes.
The filtering corresponded to an snalogue operstion on the signal
which gave it a more continuous amplitude distributien. This
ensured that the encoder under test had {ts entire Input range
probed and prevented small mrrors from gofng undetected. A new
mask was proposed for the gain varistion graph of the filtered
codec to :ompensate.for the non-unity gain of the filters at the

signal frequency.

6.2 Conclusions
An evaluation of the Poisson windowed test signal for the

transposed test configuration was Some di

and fundamental 1imitastions of this test signal were fdentified.
Using the basic properties of the Poisson windowed signal and
information obtained fram the tests performed, the ides of &
single sided exponentially windowed test signal emerged. The
reference curves for this test signal were obtained for both
Filtered and unfiltered codecs. Most of the properties of the

reference curves were favorable.

It can thus be said that a ‘one shot’ test signal for testing PCM
codecs with their £1lters {n in~service situations has been
developed. In the case of the gain variation graph, a new mask
which takes the fllter gain into consideration, was propesed. The
shape of the reference curves for the sfgnal were determined and

©5n now be used for future tests.
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6.3 Future work

Now that the exact shape of the new test sfgnel and its reference
curves are known, tests can be performed to determine the effact
of imperfectfon In the system components on the SNR and gain
variation graphs. These tests can eas{ly be performed by
replacing the tdesl lookup tables In the encoding end decoding
procedures by imperfect cnes. The sensitivity of the reference

curves to various fmperfections can then be determined.

it §s also suggested that the influence of the half-channel
performance on the overall performance be {nvestigated. Various
analogue operations on the test signal have been suggested, in
order to obtain more information on the half-channel performance

(Henrehan, 1984p). Analogue filtering was one of these operations

and {ts effect on the r rence curves was in the
tests conducted. Other methods for separating half-channel
values, llke dithertng, are beyond the scope of this paper and

still have to be investigated thoraughly.

It was noted that the FFT procedure used was inefficient, which
led to ionger celeulation times. Other more efficient FFTs could
be used to speed up the running time. In an exampie shown in
appendix E, the bit reversal is done only once end the resulting
addresses are stored in an address array. These addresses are
used later to reduce the shuffling snd merging steps into one
procedure, The different sine and cosine terms are also
caleculated only once fn the beginning and the results are stored

ir an array for later use.




These two techniques wil) alresdy give a significent [mprovement
fn the calcutation times. Availabllity of memory space for these
precaloulsted values could present problems on the computer used,
due to fts |imited memory capacity, but this tssue should be

fnvestigated thoroughly.

Another technique used to speed up the FFY is to fully write out
the first two merging steps and thus do them directly. After this
the merging gets too compiicated and fs handled fn the normal
manner viz. looping. This technique is shown In sppendix £ nd

could also be used tn this application.
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DETERMINATION OF WINDOW CONSTANT APPENDIX A
Note that ¢, was used instead of the normal tbik.

/2
V) e? = (/)] vied? at )
rins b
—tb/Z

where vit) = v.ef"PIED) sintut)

= v.elblt]) (edot _ gJaty (4, @)
Substituting (2) in (1) &

e s2
ViE)e? m 1/ [ Lv.elPITD) (et o gmduty 25)32 at
/2
/2
= 2/t [v.el™BE) (edut o o-iuty /(2512 gt
2
ki
- 2vB/az, | [e(TEBLIRINE) | pol-2bt) 4 o(-2bE-2ut)] ar

Q
= ~vB/(2E) [ 1/¢-2b+2ju) . o { (-2642006) 4
6 . el=2bt) .
/2
1/(-2b-2Ju) .ol (~2D-2J0) %) ] uf
0

Substituting the boundery values end noting that :
AF = 1/t

= 2nF




= 2ulkar)
= 2uk/ty,

Vit ene? = VE/(2tp) [ C.(lmexpi-bty)) ]

where C = [/(~2bt2Ju) + 1/b + 1/(-2b-2Ju)
= ~db/(an? + 4y + 1/8
b/ (b2 + uf) + 1/b

For the chosen signal frequency f. » 3031,25 Wz
and AF = 31,25 Hz ¢

x

= Fp/Af
= 33
and b = (=2/tdur).in(a)

= 8,63 {tour = 1,6 8, & = 0,001)

With these values the first term fn {5) can be neglected and

{4) becomes 3

V(e me? = v2/(2Ep) [ (1-exp-biy))/b ]

V(E) g = V/(IE) [ (Leexpl-btp))/ibtp) 11/2
The equation of the windowed signal fs :
VIE).W(E) = v.wconst.sin(2ef t)
with rms value
Vithrmg = v.wconst/(/2)

Thus

weenst w [ (1-expl-bty))/(bty) 1172
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APPENDIX
{
{ PROGRAM SIMULATING A CODEC TEST
{ USING A ONE SIDED EXPONENTIAL WINDOW
{ By B.Cronje Date : Sept 1987
{
program codec, test §
{$R+3
const mxblk = 50 3 (Number of blocks
ntot = 12800 i {Total no of data points = mxblk*256
i {Time duration of whole test signal
3+ (Time duration of one block of data
vpeak = 4096 (Clfpping level of signal
a 0.001 s {Final value of the Poisson window
fr = 1031.25 5 (Signa) frequency
q w 32 s {Interpolation facter
slewlim = 1.6 + {Units per millisecond
type blockh = arrey{0..255] of byte
blockr = array[0..255) of reat 3
blockq arrsy[n .255] of*gcomp &
qcomp arra a] € reat 3
outmat = array[l..ntot] of*real 5
table = array{l..128] of integer :
del_mat = array[i..3,1..2] of reaj i
var  dta_blk,out bik + blockr +
enc_blk : blockb ;
dec_blk + blockr #
idi_enc, idl_dec : table 3
a_bik.fa_blk + blockg ;
out_dta + outmat 3
fnt 1 finteger ;
biocknum,x,y : integer ;
z_sampl,2_offst ¢ integer 5
Yast_rec,last_sen : reat 3
rec_del ,sen_del 1 del_mat ;

4 1ename
outfile
option

stringf20] 3
file of blockr ;
char ;




¢ * “ wnuy
{ PROCEDURE TO GENERATE DATA BLOCK 3
{ FOR THE CODTESTS.PAS PROGRAM
R Kuxannny
procedure gen_t data(b]ocknum ¢ integer 3
T dta_blk 1 blockr
)
ver trel,teqv,b,ampl : real 3
t integer ;
beg(

= infa) / tdur

mpv vpeak % 1.1 * axp(b*((blocknum-1)*1.756=3 ~ tdur)) §
for sampl t= 0 to 255 do
begin
trel := sampl*1256-6 3
dts_bik{sampl] 1= smpl * sin(Z*ai*fretrel+1E-9)
end;
end;
(renunn weny
PROCEDURE TO GENERATE DATA BLOCK }
¢ FOR THE CODTESTP.PAS PROGRAM
R Wawnannny
procedure gen_dstsblocknum ¢ integer ;
var dta_blk : blockr
var trel,teav,b 1 real ;i
sampl : integer 3
oegin
(=2/tdur) + Inde) ¢
For samp) 1= 0 to 128 do
atn

tre! 1= sampl* 125E~6

]
1= (blocknum-1)*thlk + trel ~ thlk - tdur/z

teq /
dte L blkisampl] = vpeak*exp(-| b'abs(teqv))‘sin("P"ﬂ"“thV) 3

for sampl 1= 1 to
dts blk{samDH»lZB]
end

xw —dta _bik[128-sampi] 5




[ T e

£ PROCEQURE TO GENERATE DATA BLOCK

FOR THE CODTESTB.PAS PROGRAM

1
}

{
[reenunnnn

procedure gen,_deta(blocknum

var trel,teqv,b

sampl

begin

¢ integer 3
var dta_bik : blockr

¢t resl
: integer 3

3= ~Infa) / tdur §
for sampl t= 0 to 255 do

begin

trel = sampl*(25E~6
teqv := (blocknum~13}*tblk - tbik + trel ;

dta_blk[sump]]

ends
endy

i= vpeak * exp{b*(teqv~tdur))
* sin(2*pi*frrteqv)
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{
{ N PROCEDURE TO DRAW FRAME AROUND PICTURE

{
procedure frame 1

v begin

draw(0,0,0,199,15)
draw(0,199,319,199, 15) 3
] draw(319,199,319,0,15)
" draw{319,0,9,0.15) ;
ends

{

{ PROCEDURE TO DRAW BLOCK OF DATA

{
procedure draw_block(dta_bik : blockr) ;
var  x,yold,ynew : Integer ;

begin

cirser ;

graphmode 1

frame

draw(0,100,219,100,18) 1

draw(160,0,160,199,15) ;

for x to 254 cio

begin
yold- 1= round((4096 — dta_bik[x}) / 41 )
ynew 1= round( {4096 ~ dta_blkIx+11) / 41
draw(x+32,yc1d,x+33,ynew, 18) 1
ends

=ndi
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g ., PROCEDURE ENC_LOOKUP
éracedura enc_}cok;p(var fdl_enc 1 kabla ) ;
var seg,int + integer :

begin

Far int := | to |6 do
tdi_enc[int] = 2%int
for seg 1= 1 to do

to
idl_enelint + )s-seg] = rOUnd(exp((seg-l)‘ln(Z))
32 + 2%int)) 3

PROCEDURE TO ENCODE A BLOCK OF DATA

S

{
{
procedure encode(tbl_erc : table ;
Thik + bloekr §
e _bik i bloekb
P

var sign, index, step + integer ; ‘
x 1 integer ;
s_value + real

begin

for % := 0 to 255 do
begin

{Get and store the sign of the value }
1f dta blkix] ¢
then sfgn &= |za
else sign
s_value

[N
abs (dtas_bikix]) 1

Tndex = 128 ;

step 1a 128 3

repeat
step i= step div 2,
iF s_value<tbl Enc[lndex—stap]
then fndex - step

until step=1 i

enc_bIk[x] = index-1 + sign i

and;

ends

a2




(ounn 3
{ PROCEDURE 1D_DEC_LOOKUP }
R )
procedure dec_lookup(var idl_dec « table ) ;
var seg,int i fnteger ;
begin
For int s» | to 16 do
fdl_daalint] i= 2%int - 1 3
for seg i= 1 %o 7 do
begin
for int i= 1 to 16 do
jdl_declink + 16%seq] ix round(exp((seg-1)*In(2)
{31+ 2%int)) ;
ends
ends
froune [ITTeY J
PROCEOURE [DEAL DECODING 3
¢ Fresiy [
pracedure decade(tbl _dec table
b1k blockb i
varec blk 3 blockr
var sign, Index integer
s_value real i
begin

for x = 0 to 255 do
begin

(Get and stare the sign of the value
sia tk[x} and 128
|ndax 3= (enc . bIk[=] and l27) + 1

i sign=128

then dee_hlk[x] := —tbi_dec[ index]

else dec_blk{x] := tbl_dec[index] :
end:

enc;
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IS e )
( PROEDURE To {NTRODUCE INTERFOLATION FACTOR o 3
‘ t sy B.Cronje Date : 19/11/87 3
. H B X
rl Loocedure fnterpolate(dec blk 3 blockr ;
var q.bik ¢ blockq
. 11}
‘. var sempl.offst : integer
begin .
\ for sempl 5= 0 to 295 do .
[ for offst :=
' a_blk{sampl3~ [oFFstJ 1= dec_blk[sampl] t -
1 P
A I, |
i | ,
] i
A \
i
[
1IN h
Jpeed
i
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PROCEDURE TO IMPLEMENT THE RECEIVE FILTER

t By 8.Cronje Date : 09/12/87 3}
{ }
procedure rec_ffiter({g bik : blocka 3
var last_rec s res) 3 I .
var rec_del 1 de}_mst 3 |
var  fa_bik : blocka [
) !
const slal = 7.42501126-2 3 " -
sial = 9 3 !
sibl = -0.93648198
slb2 = & 3
s2a0 = ~0.06668781 3
szal = 6.7647B95E-2 1
szbl = ~1.921761 :
22b2 = 0.92755506
s3a0 = ~3.d8072126-3 ; >
s3al = ~B.33139B7E-4 1
$3b1 = ~1,9757495 3
s3b2 = 0.98272901 P
var sampl offat integer - el
sl _deil,s!_del2 real N
52 dell,s2 del2 real
s3_del1,u3_del2 real
in ene real H
IS ¥ »
Function recfilt{in_zero : resi) : real ;
var secires,secZres,sacires  : resl ;
begin
seclres s= slal * in_zero + slal * in_one
- slbi * sl dell - sib2 * gl _delZ -
st del2 := st _dell
s1 del} sedires i

sec2res t= s2a0 * in_zero + szal * in_one
- s2bl * sZ dell - s2b2 * s2_del2 ; !

s2_dei2

52_dell
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secires 1= s320 * in_zero + s3al * in_one
~ s3bl * s3_dell - s3b2 * s3_del? :

s3.del2 := s3_dell 4
s3ldell := secdres 3
in_one := in_zero ;

recfilt := seclres + sacires + secires ;

end;

begin
si_dell := rec_del{i,lI] ;
s1_¢al2 := rec_dei{1.2] :
s2_dell i= rec_dei[2,1] 3
s2_delz := rec_del[2,2]

s3_del} i rec_del(3.1] s
s3_del2 i= rec_dei(3,2] ;

in_one 1= last_rec ;
for sampl = ¢ to 255 do

for offst 1= | to q do
fa blk{sampl}*[offst] := recfiit{q bik{samplI*[offst]) i

last_rec := g_blk[2551"[q] ;

rec_delfi,1] si_dell 3
rec_dei[1,2} si_del2 ;
rec det[2,1} sz dell 3
rec_dei{2,2] s2_del2 3

rac, del(3,1] 3= s3_dell 3 -
rec_del[3,2] := s3_del2 ;

end;
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14 PROCEOURE To [HPLEMENT THE SEND FILTER
{ 8y B.Cronje 1 06/01/88
{
procedure sen_filter(a_blk + blockg 5
var last_sen :
var sen_det s
var fa_blk
)5
const sla0 = B.06225426-2 +
sial = 0 ¥
s1bl = -0.93648198
sibz = 0 '

8280 = —7.6213496E~2 3

= 7.5919373E-2 ;
-1,921139¢
s2bz = 0.92701857

= 3,9673138£-3
s3al = -5.861510086~3 3
s3bl = —k.9740661 i
$3p2 = 0.98173143 3

var sampl,offst
sl dell,st_der2
s2_deil,s2 del2
s3_dell,s3 del2
fn_one

{
function senfilt(in_zero :

var seclres,secZres,secires

begin
secires 1= slad * in_zero +
sibi * sl dell -
s1_del2 := sl_dell :
s1deil secires 5
secires := s2a0 * in_zerc +
s20] * s2_dell -
52_del2 := s2_dell 1
sz dell := sevZres

real) : real 3

: real

siat * in_one
s1b2 * si_del2 1

s2al * In_
s2b2 * s2_delz ;

a7




sec3res := 3330 ¥ fn_zero + s3al % in_one

- s3bl * s3_dell - s3b2 # s3_del? ;
53_del2 := 33 _dell
s3Tdel! i= secdres  ;

in_one t= in_zero :

senfilt

saclres + sec2res + secires ;

end:;
¢

begin

si_de!l 1= sen deift,1] s
si_delZ := sen del(1.2]

s2_dell = sen_del(2,1] ;
32 del2 1= sen_del[2,2]

s3_delt := sen_del[3,1]
s3_dal2 1= sen_del(3,2}

tr_one

last_sen ;
for sampl :s 0 to 255 do
for offst 1= 1 to q do
fa_plk[samp))*[offst] = senfilt(a_blk[sampl]*[offst])
last_sen 3= q_blk[2551%(q] ¢

sen_del{l,1] :x sl dell ;
sen_dell1,2] := slldelz ;

sen_dei{2.1] = s2_dell ;
sen_del[2,2] i sz dels §

sen_del[3,1] = s3_deli 5
sendel{3.2] := i del2 ¢

end;
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{
{ PRucEDuRE DECIMATE
By 8.Cronje te 1 |7/12/87
(PR 103 0k SR 43T O 41344 SO
procedure decimate(fg_blk blocka 3
Bb1ocknum integer

z_ssmp),z_offst : fnteger ;
var  out_dta + outmat ;
var  poin : integer
)y

var sampl,offst t fnteger §

begin
if blocknum « ! then : {do nothing}
1 Blocknum = 2 then

begin
For_samp)
beg
Dut _dtalpoint]” :
point = point + i

z_ssmpl to 27" do

fa_blkisamp) (2 oFFst] 3

f blocknum >2 then
begin
sampl e 0 3
repeat
cut_dta[pc!nt]‘ ix Fa_blk{sampl}"[z_affst] ¢
sa

po i B
ur\t(l (sampl " 255”} or (point = ntot+l)
If point = ntot+l then writeln(‘Qutput b\o:k Filled 17)
nd;

end;

-

3
}
3
}




¢ HAIN PROGRAM
framnnns rmare
. begin
ot for x = 0 to 255 do new(g blkix1) ;3
- for % = O to 255 do new(fgbIkIx]) i
- for x 3= | to ntot do new(out_dtalx]) 3
LT enc_lookup(id]_enc)

dec_lookun(idl_dec)

point 1= 1 ;
N tast_slew
: ; last_rec
imst_sen 1= 0
for % i= | to 3 do

a
9

begin
rec_delfx,1]
rec_delfx,2]
sen_del{x,1]
sen_del{x,2]
end;

elrser ;

writelnt’AVAILABLE OFTIONS + ) 3
writein ;

writeln(’ 1 & enc-dec,

writein{’ 2 : enc-dec-rec-sen-enc-dec.
writeln s

repeat

writa(‘Enter your option : *) 3
readin{option)} 3

until optfon fn {714,72°1 ;
writeln i
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cese option of

’1f : begin

{ These two constsnts give the theotetical zero ]
{ crossing of each block beginning
filename := ‘beod.dat’
for blocknum i= 1 to mxbiks! do

egin

writeln{busy with block ’,blocknum )
gen_data(blocknum,dta _bik)

encede(id]l_enc,dta_blk,enc_blk)
decode(1d)_dec,enc_blk,dec_bik)

interpolate(dec_blk .q bik) ;

decimate(q_blk,blocknum,z_sampl,z_offst,
:_dika,point

13
{ These twn constsnts give the thectetical zero }
{ crossing of each block beginning. Receive and )}
{ send fiters included. j
filename := ’bfult.dat’ ;
for blocknum t= | £o mxbik+2 do
egin

writeln(’busy with block “,blocknum } 3
gen,_data(biocknum,dta_bik}

encode{idl_enc,dta bik,enc_blk) 3
decede(idl_gdec,enc_blk,dec_bik) 3

interpolate(dec, blk,q blk)

rec_filter(q_blk,last_rec,rec_del,fq bik) i
For x 1w 0 td 285 do @ blK[x]" := Fa blk(x]"
sen_filter(q bk, last_sen,sen_del,fq_bik)

dec(mate(f’q_blk blocknum,z_sampl,z,o0f fst,
t_dta,point
end;
end ;

and; {case}

21




for biocknum := 1 to mxblk do
begin
writein(’busy with bleck ,5i-blocknum ) ;5

for x i= 0 to 255 do
out_blk[x] = out_dtalx + 1 + (blocknum-1)*2561~ ;

encode(1d]_enc,out_bik,enc_bik) i
dacode( d1_dee,enc_blk,dec_blk)

for x = 0 to 285 do
out_dtalx + 1 + (blocknpum-1)*256]* :» dec_bik[x] ;

end 3
writeln(‘writing to file *,filename) ;

Bss|gn(outFlla.Filename) 3
rewrite{outf

for blogknum = 1 %o mxbik do
begin
for x 1= 0 to 285 do
out_bik[x out, dta[x 4 1 + (blocknum-1}*2563" 3

wmte(cutﬁ !e.nut b1k}
:1059(autﬁsls) P

eirser
Nr!tsln( Simulation fintshed.’) 3

end.




3
r
s
\
;
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APPENDIX C
¢ wany awanny
i PROGRAM PROCESSING CODEC TEST OUTPUT
{ 8y B.Cronje Date : 4 dan }
o » anann)
progrem process,_data ;

{$R+¥)
const mxblk = 785 {Number of hlocks 3
ntot = {2800 (Total no of points = 256*mkbiik 3
tdur = 1.60 {Buration of test signal (50 blocks) }
vpesk = 4096 {Cl1pping ievel of signal 3
a =0, DDl {Final value of the Foisson Window }
fr = 1031, {Signa) frequency }
type blocki = array[o..ZSS] of integer ;
blockr of res] 3
cutmet = array[l“r\tot] of*1eal i
calcadr = array{i..mxblk] of*calcmat ¢
calcmat = srray[l..3) of real [
var o blk,out blk blockr ;
E_ b1k : biockr t
out dta s outmet
calc s cajcadr ;
calefite s flle of calomat ;
point,blk : integer 1
blocknum,x,y + integer i -
£11aname 1 stringlz0]
infile 1 File of blockr ;




{
{

PROCEDURE TO GET THE OUTPUT BLOCK

{ By : B.CRONJE Date : 50/01/88
frennn
procedure get_out_blk{biocknum + Integer ;
_dta - outmat §
var out_blk 1 blockr

var sampl,point

begin

for sampl

begin

point

¥

+ integer

i= 0 to 755 do

t= (plogknum-1)*16 + § + sampl 3

cut_bix[sampl] := out_dtalpoint]®
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FROCEDURE WINDOW
FOR THE SINGLE SIDED TXPONENTIAL TEST SIGNAL
By : B.Cronje Date : 14/01/88

procedure window(var out _blk : blockr ) 3

const  thik = 3ZE-3 3

var teqv,b,wconst : real ;
begin
b =in{a) / tdur s
weonst 1= sqrt((exp(i’*b"tblk) 13/{2*brtbik)) ¢
or % :m 0 to
begin

tequ = x*125E-6
out_bIK[x] = wconst * exp(~b*teav) * out _blk(x] 3
end 3

end;
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i N [rew
¢ PROCEDURE PERFORMINS THE FOURIER TRANSFORM
von
procedure FFE(out bik + blockr 1
- var fft_blh  alockr
)
var fre,fim : blockr
e . sec,secnium,merge,k,k1n,n2 + integer ;
arg c,s,dunre,dumin + real i
begin
K shuffle(out_bik,fre.fim) ¢
: Fer merge i= | to 8 do
begin
: sec 1= round(exp({{B-merge) * lmz))). (2~ (8-merge)}
] . n_i= round(exp(merge * 1n(2)}) {2~ (merge})
nz i round(n/z)
for secnum t= 0 to (sec~1) do
begin
For kl := 0 to n2-1 do
begin -
arg s= 2*pi*kl/n
c cos(ara) ;
s sintarg) &
K kI + secnum*n ;
dumre 1= fre[k+n2]*c + Fimi. n2]*s
dumim = Fim{k4nZ]®c - Frefk+n2l®s ;
fre{k+n2) := fre[k] ~ dumre ;
Fim{k#n2] = Fim[k] = dumim
fre(kl = fre[k] + dumre 3
Fim(k] = FimCk] + dumim :
ends
end;
ands
for xi= 0 to 2

FRE_BIKEX] 1= surt(Frs[x]’Fre[x] + FimIx]*Fimlx1)
end;

96

i

#



awwen

PROCEOURE TO SHUFFLE OATA
nwer

. ¢
. <
: {
- procedure shufFla(out blk blockr ¢
ar  fre,Fim blockr
) i

. var bits : arraylD..7] of byte ;
- bit, index : integer ;

begin
For x 1= 0 te 255 do
. : begin
) " {Get the P:Hnsry code }
N sndex
for bit
begin
If odd({ndex)
then bits{bit]
else bitsibit]
index = t\-unc(mdtx/Z) s
end;

807 d

(Reverse bits and convert back to decimal
index := D ;

for bit := 0 to 7

index 3

“ {Assign new block valie}
fref tndex] s= out_bikix] 3
fimlx} = 0 3

[ end;

enciy
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do
index + round(bits{7-bit] * exp(bitrin(in))




ey
PROCEDURE DOING CALCULATIONS (SNR, GAIN)

procedure caiculatetplocknun : fnteger :
n_bik,fft_bik  : blockr 3
W cale + caleadr
var smsar,vrms_i,vrms_o 3 real 4
arms . sor, vobm_i,gain :real ;
risb : fnteger ;

begin

{Signal level calcuistion}
smagr = O 3
for x 1= 0 £o 255 do
smsqr s= smsqr ¥ sqr{in_blkIx]) {
vrms_i = sqrt(smsqr/256)

{Sfgnal level in dBm
ve = 20 % rn(vrms 1/2840) / In(i0) 3

[Rms value of signal out }
i= round(7r/31,25) ;
sb 1= € 3 {No of sfdebands on each sic:. }
smsqr = 0 3
for x 3= r-sb to r+sb do
smsqr :=smsgr + sqr{fft_bik{x]) 3
Vrms_o f= surt(2 * smsar) ;

(Rms value uF nofse}

1 to resb-1 do

SmsgOr $=smsar + sqr(Fft blk[x]) H
r+sbtl to 12

=SMEGr ¥+ sqr‘(FFt_blk[x]) ¥
sart(2 * smsar) 3

snr s= 20 * In(vrms_e/nrms) / In(10) &
gain := vrms_o/vrms_i/256 3
cale[blocknum]~[1]

catcfblocknum]*{2]
cale[blocknum]“[3]

end;




s

b & [raxeman enEER SLETE TS *ArwEny

{ MAIN PROGRAM 3 o

ranagnan 3

{ .
begin

For x
P For x

3 to ntot do new(out_dtalx]) ; o
1 to mxblk do new({calo[x]):

. eirser 3 -
¢ writeln{’ AVAILABLE OFTIONS :7) 5 :
writeln(’ 1 : BCOD7857) 3
o writeln(’ 2 ¢ EFULL785') i B

repeat
: M write(’Enter your option : /) 3 )
readin(option) ;
o until option in [“17,72°7 3

b 5 ease option of
L ‘17 : filename := ‘bcod785’ ; B
| 22+ Filename := bfull785°

ends {case)

' writeln(’Reading deta from ffle *,filename) ;
assign{infile,filenam> + ‘.dat’)
- reset{infile) s

~ For bl i= 1 to 50 do

e beg

b1k n"zse i

read(lnf{)e,out hlk)
for o !
out dta[x + pu!n:]~ 1= out_blk(x] ;

slen in_blk(blocknum, in_blk);

get out_blk(blocknum,out_dta,out_blk) &
window(out_bi1k) §

FEt(out _bIk.FFE, bl LI}
calculatetbiocknum, in_blk,Fft blk,calc) 3
end 3

filename := Filename + .

crosecintiter 1
: for blosknum 1= 1 ta mdilk do
egi
ie
writeln{’Writing data to file '.Fi!enams) 5

|

I

N assign(calcf!le.Fllename)

e rewrite(calcfile)
4 . for x = 1 to mxblk -
et wr(ce(cs!cFi]e,cal:[x] )

close(calefile)

end.




¢ .

APPENDIX D
< i }
PROGRAM TO PLOT RESULTS OF CODEC TESTS )
s Y » wank]
program plotres 1
const mxbik = 785 3
type cdlcadr » array[l..mxblk] of “calcmat ;
calemat = array[l..3] of real
var blocknum.blk ¢ integer s
calc 1 calcadr
calcfite ¢ File of calcmat s
£11ename ¢ stringl20] ¢
option t char 3
X2y : integer H
100 .
i




¢ ennny - /
PROCEDURE TO PLGT SNR GRAPH )

t
X R - 3
AN procedure plot_snr{calc : calcadr) i

RIS const welgh = 0.9 3 =

var xx,yy,xerd,yerd + fnteger
xcrdn, yerdn ¢ finteger ;

begin
hires
- Frame 3
draw(0,180,639,180,1) ;
draw{80,0,80,199,1}
draw{(210,180,710.92,1) ; plot(253,72,1) 3
draw(340,48,600,48,1) ; draw($00,48.600,180,1) 3
‘or y; to 9 do

g yerd s= 180 - round(180%yy/9);
E draw(7d,ycrd,86,yerd, 1) 1
7 ends
for xx 3= | to 8 da
begin
xerd 1= 80 + round(520%xx/6) §
draw(xcrd, 177,xcrd, 183, 1) ¢

: ends
=] for biecknum := 1 to mxblk-1 do
& begin

=]
. xerd 80 + round(520/60* (60+cale[blocknum]*[11}) &
: xcrdn 1= B0 + round(520/60* (60+calciblocknum11°T17)) +
v yerd := 180 - round(180/45"%(cale[blocknum]*[2]+weigh)) &
- yerdn t= 180 - round(1€0/45*(calclolocknumtl]~[21+weighl) §
draw(xcrd,yord, xerdn, yerdn, 1)
Lo ends

gotoxy(7,24) &
repest until keypressed

end .




%

{ PROCEDURE TO PLOT GAIN GRAPH

4
procedure plot_gain{cale : calcadr) ;

var xx,yy,xcrd,yerd
xerdn, yerdn
gainl,gainz

begin
clrser ;
hires ;
Frame

s integer ;
t integer 3
s real H

draw(0,180,640,180,1)

draw(167,0,167,33,1})

rew(167,33,263,33,1) 5

§
3o
draw(253,33,253,87,1) ; draw(253,67,626,67,1) 1
)

draw(167,180,167,167,1
draw(253,167,253,133,1)

draw(80,0,80,19%,1)

draw(167,167,253,167,1)
draw(253, 133,626,133, 1)

3

for yy
bagin
yerd s= round(yy"200/6) ;
Araw{74,ycrd,86,yerd, 1) 3

For xx := 1 to 8 do

®erd = 80 + round(520*xx/6)
draw(xerd, 177, xord, 183,1) 1
ends

for blocknum i= | to mxblk-1 do
begin
gainl = 20 * In{ecsiciblocknuml*[3]) / In(10)

= 20 * In(calc[bloknum+1]1+[3]1) / in(10

= 80 + round(520/v0*(60+¢alcfblocknums1
100 - round{iU*gminl/l.6)

100 ~ round('dd*gain2/1.5) ;
draw({xcrd,yerd,xardn,y.rdn, 1) 3

Nl

a
gotoxy(7,24) 3

rite

repeat until keypressed

ends

)
= B + round(520/6f*(60+calc[blocknum)~[1]1})
I

]); H




I R YT T T PO ST T
IN PROGRAM

€ MA
LT e T

begfn
For x 1= 1 to cmblk do
fewioalatxl)

cirsar
wr(te\n( AVAILABLE OFTIONS /) ¢

writeln

writein(’ BI0D7857) 3
writeln(’ BFULLT7E5" )
writeln :

repeat
write(’Enter your option s “) ¢
readin{option)

une11 option Th t11%,727] 5

case option of
+ Filename := ‘bcod785.CLC" 5

‘2’ s Filengme := ‘hfull1785.CLC’
endi {case}

writeln(*

wr(te!n(’ﬁaadmg data from file
)

writeln(

asslgn(calcfi le.ﬂ lename) ;5
!

mxblk do

reset(caiefile
for x := 1 ta

read{catefite
closa(calefile)

plot_sar{cale)
piot_gain{cale)

=nd.

sealelx]”) 3
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PROCEDURES USED BY FFT APPENDIX E

Type
WP = “ureci
Wrec = Record
R : Array[0 .. 5113 of Doubles
Q : Arrayl0 .. 511] of Double;
Ends

Var BRAddress : Array[0 .. 1023] of Integer:
W owps

¢ T ]
FUNCTION bitrev ;
VAR f, 41 32,81tRevAdar: Integers
BEG
.n smAddress;
BitRevAddr:=0;
FOR_1e=1 TO NoOfBits DO
BEG
J2~»J1 DIV 2
BitRevhdadr 1= iBitRevaddrezs (51-2752)5
END} (For)
bitrev:=8itRevAddr;
END3 (bitrev)
{ g
Procedure FFT ;
Begin
ras‘cFT(Yl Y2y
Y (Y
(1. *Direct FFT of ‘+RecNum(’Y’ Y1)+’ now in
‘+RecNum( ¥*.¥2)05
YIY23".RUnits := 'FFT output real part’:
YIY2]1".QUnlts  := 1 © output Imeginary part’:
Endi ()
{ )
Procedure FFTInftisiise;
var
1t Integers
A : Doubles
Begin
Message (1,’Initailising FFT Twiddles ....")s
New(W) s
A taZ#p{/1024;
For | := 512 to 1023 do
BRAddress( 11 := BitRev(l,10}¢
For § := 0 to 8il do
Begin
WRLLD o= cos(Arl)y
W°.Q[11 i= —sing
BRAdGross[1]) e B(tRev(l,lU),
Ends
End:
« P2FFT. )

104

2,

#




Procedure FastFT 1
var

2
N.Ratio, BRI,BRJ,BRK, BRL, Stage, Stages: Spans Lest
Groups, 1,d,KL,Ksten : Integ
t-Q va-Qp RY,QE R0, RK ak RL,QL ¢t real;
8

eg i
N e Y[Vl]“ Num + 11
gye) YEYEI®.Mum g
Stages in whatPower(N 2)y
Ratio := 10 - Steges;
{Firat two stages)

Whlle l < N do

Begin
Jote 1+ 1
+ 13
L LY
BRI := BRAddress[1] shr Rstio:
8RJ 1= BRAddress[J] shr Ratio;

BRAddr ess[K] shr Rat{o;

BRAddress[L] shr Ratio;

YLY1I1".RIBRJ);
YIYI1°.Q[BRJ];
YLY2)".R[BRJ];
YIY11".QLBRJI;
YI{Y1]*.R[BRL];
AR RLY
Y{Y1i~.R[BRLT;
YLY{]".Q[BRLI¢

1
YIY21*.QIL] = QJ + RL}

1i= 14 4y
End; { First and Seconc stages}

Group,




(.atages 3 to finish}

shr 3; (N div 8)
For Stage t= § to Stages do
Begin
I i= 03
Kstep := Groups shl Ratlo;
For Group := | to Groups do
eg!n
Last i< Span ~13
tn | + Span;  { Bottom of
butterfiy)
Rt 1= Y(Y2]" .F[l].

+ 13
er J 2%1 o Last do
iy K + KSteps { Twiddle pover)
L o= 1 + Span; of
butverFly)
RE ta Y[Y2)*.R[I];
Q YLY2i~.Qrils
= WLRLKIMIY21*RIL) -
WhO[KI*Y[Y2]1".Q[1L]
Qo ¢ W R[K]“V[V?)"~Q[L] *
E ]‘Y(vz]" RIL}

+ RP}
+ Qe
YLY23".R[L] 3= Rt - Re;
V[VZ];-Q[L] - QPs
End:
I =1 + Span

End;
Span t= Span shl 1;
Groups t= Groups shr 13
£nd; (3 to end}
End;
{==assup=zscczzscsamunczcind Of Unit SP2FFTzscssmwsussss:
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