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. ABSTRACT

Puise code modulation systems are imcreasingly important in speech
commnication. In such systems it may be expected that quantisacion
distortion will be the predominant cause of signal impairment,

The design of equipment to test and messure quantisation distortiom

has, tntil now, been based on s~ accumulation of successive ad hoc

imp s. In the work here, it has been sought to establish
a formal and explicit structure of the requirements for meamimgful and
precise quantisation distortion measurement.

¥he class of test sysrems in which signal and wmoise are separated
in the time domaim has been analysed. The use of narrow bandwidth
stimuli for these systems has beea proposed. Frequeucy domwain separatirn
systems bave siso beem saalysed. A test system of this type has been
proposed, and it is bated largely upon digital techrology.

Simulation tools have been created to investigate aspects of

quantisatiou distortion systems, By of this have
been a novel FORTRAN/assembly langusge interfzoe for Data Geneval mini~
computers, and a program which designs digital f£ilters. These may be of
general interest. An inmitial use of the simulators has been to quantify
the importance of several test stimulus parameters, This has established
the feasibility and advautages of the propesed test set, and has

the design values that may be expected for such systems.

An important parameter of the test stimulug is the amplitude probability
density function. The use of gamme distributed rather tham accurately
Gaussian stimuli has been proposed here, The difficulties &f generating
such stimuli have beenm illustrated, A technigue has been proposed whersby
convenient (Gaussian) stimuli way be used for measurements; the performance
for move speech-like signals may thenm be inferred by a transformation
procedure, without explicit synthesis of these signals, This has allowed

the calculation of the ervor incurred by the conventional assumption

A re-evaluation of

that speech is 1y normally dis

usual loading levels for codecs has been suggested. It has been established

that sophisticated ‘hni for ing p: with
arbitrarily prescribsble distribution are of little importance in
quantisation distortion measurement.

Embryo facilities have been established to.allow laboretory tests

of pulse code modulation systews. Encoder and decoder hardware for a




typical system have been built and interfaced to a minicomputer,
Software models of the encoder and decoder have been incorpozated
in the simulators. The quantisation noise parformance of an encoder
may be measured, and the additiomal impairment due to hardware

i ions may also be

Pseudo~random signals with 2 wide variety of disvributions have
been filtered using various digital filters, In all non-trivial cases,
the filtered signal hias beem £sund to have s distribution which appears
approximately Gaussian, It has been possible to demopnstrate quite

rigorausly thet this cannot be

for by the
+ central limit thecrems. This has posed a fundamental question as to
the theoretical basis for quantiearion distortion measurement
in particular.
Tt is expected that many of the ideas of ~uwantisation distortion
measurement will £ind wider application in performance measuxement
of completely amalog systems,
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1 INTRODUCTION

1.1 Background

. Thers is a growing prefexence for communications systems based on

discrete of & i There have arigen increasingly

compelling reasons to convey speech signals in fully discrete form,
particularly in switched metworks. Pulse code modulation (PCM} may be
seen as the most coding fer speech. Gertainly,

PO 15 for the present purpose: an 1 of
all the non-voceder techniques.

The wajor source of signal impairment in a well-designed PCM system
is known to be awplitude quantisation. It is
quantisation distortion for two purposes. At the 4esign stage, the
quantisation distortion of should be in an
assessment of their relative merits. In the waintenance of codecs in !

to measure

service, guantisation Gistortion tests are a rea’y verificatfon of the
end-to-end performance of a link. The existence of a “ault at virtually
any stage in the link will be raeflected in the qua’ * test results.
It is now attractive in seme applications alsc ‘wignals in
their digital form, and the PCM 1inks to be tested hw.
include very high fidelity tape recorders, (Cohen, 1977).
A philosophy of L i distortion has
been developing. In general, such measurements rely upon the injection
of a test siynel into the PCM system. Preudo-random test signals have
been shown te be desirable. fThe amplitude probability density function has

Sently come to

been identified as an important perameter of the test signal.




A few commercial instruments have become available for measuring
quantisation @istortion. These testers are based on relatively simpie
pseudo-randon sources. They achieve amplitude probability densities which
roughly approximate to the desired Gaussian distribution.

The starting point of the work to be described was the recent

development by Walker of a new for P =l
sequences. This technigue allows that the probability distribution of the
be 1y prescribed, (Walkex, 1974, 1977). The

technique has promised to be useful in gensrating test signals which sttain
better approximations to the desired probability distribution.

- \
. 1.2 fhe Aims of the Present Werk
The aim of the work to be described has been to investigate the usefulness
of Walker's random source techniques in the generation of test signals fox

smeasuring quantisation distortion in PCH systems. This investigation has

sought to answer several broad questions.

(a) Can Walker's technique be used to generate a test signal which
approximates more closely to the Sesired probability distribution than ;
does a signal by ional shift vegister i
techniques? .

(b) How are any improvements in the test signal probability distribution
xeflected in terms of significance of the distortion measurement?

(c) What is the feasibility of engineering a test system using

a more sophisticatéd pseudo-random source, and how is such a design

1
H

best approached?
The problem has thus been to design for evaluation purposes, a test system
A a flexible p: sowrce, The level of detail and of

implementation of such a design has had to be sufficient so that a faizr
camparison could be made with conventional designs.

1.3 Review of Approaches to Quantisation Distortion Measurement
The purpose of this section is to define those test systems which will ke
regard:d as conventional in latexr comparisons with the system to be
proposed. It is sought to outline 1 systems in sufficient

detall to provide a basis for motivation of the system proposed in Chapter
2.. The circuit functions outlined also provide a basis for the evaluation
of test signal requivements in Section 1.4.
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It is felt that all methods of quantisation distortion (QD) measurement
must necessarily involve the same basic elements. & signal is imjected at
the input to the PCH system. This is a fundamentnl requirement because
3 although quantisation noise may be regarded as an additive noise source,

this source exists only when thexe is a siynal 4n the channel. At the
output. of the PCM .system, the “aput test signal is ’subtxacted’ from the
system output signal. The remaining component of the output signal is the
- ‘noise’ - primarily quantisation noise in-a PCM system.
14 i It is possible to conceive of at least two Classes of QD measuring
: systems, distinguished by the way in which the test input signal is
subtructed from the PCM system output. The conceptual subtraction may he
. done in the time domain, oxr in the frequency dowain. These are not
equivalent, as the detsiled considerations of Sections 2.2 and 2.3
demonstrate.

1.3.1 Time Domain Subtraction

The time domain approach mppears more direct in principle, and is shown in
Fig. 1.

TEST
SIGNAL
GENERATOR

i ATTENUATOR SUBTRACTOR '

: L—’ PCM
SYSTEM |- e
- . Qlx,t)
: x(t) l

VDLTMETER

x {8) = test signal
) Q {x,t) = version of test signal reconstructed frem

H quantised x(t)
B Figure 1 Conceptual Ontline of a Time Domain Subfraction Bystem.
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The attenator is usually required, and is to allow the overall
gain of the PCM system signal path to be set to unity.

The general problem of QD measurement i6 to measure the signal
to noise ratio (SNR) rather than the noise power. The information
requized for practical systems is a plot of SNR as a function of input
signal level, over a wide range of signal levels. Typically, the same
meter system is used to msasuxe both the noise power and the signal power.
{The switching of the mets: input has not been shown in Fig. 1.} A true
RMS metex is reguired because the quantising error waveform is not well
defined ab lnitdo.

B system using time domain has been & bed by Kikkert
(1971). Kikkert has made the valuable point that the system he has

described may be used for measurements on either PCM systems or on delta
modulation (DN) systems. This point is 4 in later at
Kikkert has given a visualisation of the requixements as shown in Fig. 2.

. MODEM UNDER TEST

| MODULATOR {.._..| DEMODULATOR
rano X
INPVE
—

VARIABLE [ VARTABLE f

QUANTESATION
NCISE

DELAY GAIN

MODEM = MOdulator and DEMpdulator combination.

Figure 2 An Approach to Realising a Time Domain Subtraction System.

A major problem in implementing a time domain subtraction system
is the provision of the variable delay. The variable delay must clearly be
set to match the signal delay through the modem under test. Kikkert,
noticenbly an investigatox of DM, has described an ingenious approach using

delta sigma modulation. The scheme is shown in Fig. 3, and has the
noteworthy attribute that the quantisation noise introduced in the process
of generating the test signsl may be cancelled by that inktrofuced into the
delayed test signal.

i
i
!




INPUT AZ MODEM
'DEMOD URDER

TEST

SHIFT AL | | VARIABLE !
REGISTER || DEMOD] ™| GAIN

< %

LOWPASS
=~] FILTER

Figurs 3™ Block Dlagran of an Implemented Time Domaln Subtzsction
System.

Kikkert has suggested that for single integration DM systems, it
15 sufficient to provide a delay egual to ons sampling period. The
general validity of this assumption for PCM systems is discussed
in Suction 2.2. However, delays which are integral multiples of the
AL modem sampling pericd could be obtained by varying the number of stages

used in the shift reglster. G vardations of these delays could be
obtained, if required, by slightly vaxying the yy modem sampling Erequency.

‘B




It is necessary that the two delta sigma demodulators shown in
Fig. 3 be closely matched. Xikkert has construsted a system where the
error due to demodulator mismatch is at least 5¢ dB down on the test signal
level. He has suggested that this allews signal to noise ratios up to
about 45 4B to be 'accurately measured'.

¥ikkert has used voltage rectification and averaging to measure the

s . signal and noise leve’ This assumes the same form factor for signal and
. o= for quantisation noise. 1%-e uncertainty in messured signal to noise xatio
due to thls assumption K- .ot been letermined.
Kikkert has raised cby.hions to the testing of DN and PCM systems by
means of sinuscidal test signals. He has used computer sfmulation to
. compare SNR'5 cbtained from an 800 Hz sinusoid with SNR's cbtalned with
sim..ated speech., Thess simulations modelled a single integration DM, but
3% is moteworthy that the diffevent test siguals reportedly gave maximum
SNR's differing by 10,5 dB. It may possibly be assuned that the simulation
fox the sinusoidal input modelled a freguency domain subtraction Process,
but the a4 is allarmi
Rikkert has also done & set of tests on a hardware system using an

800 Bz sinusoid as the test signal. BHe has given two curves ot SNR versus
input signal level, one cbtained from a time domain subtraction technigue
and the other from a domain 3 Powers were
measured as the sguaré of the average voltage, The results differ by
1,5 a8 in the mid-range of the curve, and Kikkert regards this as 'very
good agreement’ .

A further set of SNR curves has been given by Kikkert. One curve
was obtained for tape vecorded speech input to the hardware system shown in

Fig. 3. ‘he other curve was derived from a computer simulation. It is not
Jnown whether the computer simulation used a digitised version of the tape
recording or a computer speech model. The results are similar to within
1 @B for moderate inpuk levels.
P Kikkert's paper is the only description of a practical time domain
: subtraction system known to the anthor. The paper has been of value as an
indication of what sort of parformance has been achleved by practical time
domain subtraction schemes.

In the present work, a decision bas been made to investigate
i frequency domain subtraction rather than time domain subtraction. This

: decision cannot be regarded as verifiably the best approach, because
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sufficient work to decide this %as not yet been done in the field of
quantisation @istortion measurement. The basis for the decision to follow
& frequency domain approach is a matter for discussion, as is detailed in
Chapter 2.

1.3.2.  ¥requency Domain Subtraction
The traditfonal te: sdque of QD measurement by this means is similar to

the usual fox total b ic 4i of 1y

analog systems. A narrowband test signal is injected into the BCM system.

2 narrowband filter is then used £o reject the input signal component of

the system output, the remaining owtput component being the 'noise' to be
. measured.

Various types of test signal have been tried - sinusoid, noise with
2 Gaussian amplitude probability demsity @istribution, and pseudo-random
noise with an mpproximately Gaussian distzibution. The QD measured is
dspendent on the amplitude probability density distribution of the test
signal. This is intuitively reasonable because -the amplitude distzibution
*weights’ the extent to which each guantisation intexval in a companding
encoder contributes to the quantising error. Cattermole (1969, pp 125-241)
has given a very detalled and useful analysis of quantising moise generation
and the zole of the probability density functfon. A brief analysis is
given in Sestion 2.3.2.

Rolls znd Webster (1974) have the three Ly tioned
test signals. Xt is emphasised that, in the present work, consideration
has been given primarily to the performance of QD measurements on PCM/DM
systens for speech icaticn only. Similarly, Rolls and
Webster have considered tests of speach links only. The point is madr ihat
the QD of speeth Links should be mensured by injecting a test signal which
is similar to 'average' speech. One similarity reguired is that the
amplitude probability density distributions should be as simllar as

passible.
Natural nolse sources have Gaussian distributions usually, and this

is a first approximation to the speech distribution., However, Such sources

are not always repeatably constxucted, and require long integration timés

to give e resuL

obviated by the use of psendo-random and digitally implemented generators.

These problems are laxrgely




Rolls and Webster have presented 'a derivation of a set of
perameters for an optimised test signal’. This s the basis of the
Narconl TE2807 PCM Multiplex Testexr which was designed for the British Post
Office and which is presently the most common commercial QD measuring
This will be in more detail in the next
an existing test system standard against

tion, because it
which the of the system may be
Rolls and Webster have-developed their on an
of the principles of tisation 94 4 aiscussed in
detail by Waddington (1968, 1972}, was ned to
only relatively simple random sources, primarily maturally ocourring noise

. sources.
Rolls and Webster have shown thé wibstantial advantages of using a
pseudlo-xandon source. They, in turn, have been Constrained to consider

only simple pseudo-random scurces, typically a single feedback-shift-—

Plus analog AT This has given approximately

Gaussian dist¥ibukions.

1.3.3 A Commercially Availzble Quantisation Listoxtion
Measuring Set - The Marconi IF 2807 .
A functional.block diagram of the QD measurement section of the Marconi
TF 2807 is shown in Fig. 4.
%t is noteworthy that a notch reject filter is not used in measurement
oF the noise power. Rather, a bandpass filter is used to sample the noise

power spectrum.

1.3.3.1 fhe nnise source
This binary source has a broad power density spectrum which falls off
with increasing frequency (£) according to {_s_ii_{(?_ The spectrum may,
hovever, be regarded as flat over the 450 i -1550 Bz region utilised.
a 17 stage shift register is used with Feadback from stages

3 and 17 and a alock Efrequency of 370 kiz. This particular feadhack SHIft
register {£.s.r.) was selected from a limited set of sultable f.s.r.'s

by imuiation. No detirils of this simulution have been
published. The performance of this and many other f.s.r, sources in
y' tested. Cc 1y,

conjunction with various filters has been *
it is Fzlt that the TF2807's vital Statistics represent the practical limit
to the evolution of this type of nolse source for this application. The

&
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UNDER
TEST
450-550 Hz
BAND-PASS
B FILTER
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METER

* 860-3400 B3
—IBAND-PASS
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1 -~ SET REFERENCE LEVEL
2 =~ MEASURE NOISE

Figure 4 Block Diagram of the Marconi ¥F2807.

vital statistics are :

sequence time about 350 ms

spectral line spacing 2,8 Hz

peak~to-rms ratio 10,5 aB

Probability distripution {after filtering) is'approximately Gaussian.
This approximate distributien is shown in Figure 8, where its significance
is discussed in Section 2.3.2.

1.3.3.2  The filters
Pwo marrowband filtors {450-550 Hz) are shown Figure 4, These two filters

axe the same design for convenience. An active RC filter was chosen above
& passive RIC filter, hecause it gave a more Gaussian output. The filters

ore critical, and all three axe implemented es analeg filtexs.

R

o o For ey
alden T
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1.3.3.3 The attenuator

9his is manually set to adjust the send level over the wide range of
~60 dBu0 to +10 JBmo in 1 9B steps. The O dBmD level is also adjustable
in the reage ~16 dBm to +2 dBm in steps of 0,2 dB.
These Figures are given to show that the attenustor is mot
negligibly inexpensive, and also to give an ides of the precision required.

. 1.3.3.4  The BMS meter

This is also a significantly demanding analoy system to manufacture and

keep within calibration. A precision rectifier civeuit, an asaleg veltage

squarer, and an integrator and sampler are used. A meter asccuracy of 0,538
* has been achieved with a settling time of 2 seconds. 0D noise is

particularly difficuit to measure in the system overload region, where a

20 GB peak-to-RMS ratio of &l way be anti The

RMS power measurement section has been an important consideration in

formulating the test system to be proposed in Section 2.5.

1.4 Summary of Established for a Doain
Subtraction System
The purpose of this section is to sketch the QD measuremep requirements

which have been established by previens workers in this field. These
conventional requirements have evolved in a practical instrument environment.

The intuntion is to suggest that test signal and System parameters must be
more precisely determined, in ordex o be copsistent with the improved
accuracy targets of the more complex nev designs under examination in the
present work.

1.4.1 The Type of Test Signat
Ralle and Webstex (1974) have established the desirability of using pseudo-

random roise as a test stimuius. 'They have considered frequency damain
subtraction systems, but it is equally desirable for time domain subtraction
that the test stimulus be pseudo-random meisme.

The noise-like guality is useful in that it gives a smooth QD versus
stimilus level response curve. The smoothness of this curve is felt to
be advantageous because it allows the curve to be determined by relatively
tew 1 points. In ice 20 to 30 are taken to

establish the corve. A noise-like signal may also have a probability
density function which is similar to that of speech.




The of p is from two points of
view. Pseudo-random sources, &s opposed to true nolse sources, are
generally digital in nature. This facilitates the mamufacture of sources

: with easily ble ‘The ng per: of a true

noise source is less assured because component ageiny sffects are more
evident in analog systems.
& pseudo-randem source is also in that its statistical

H ~  properties are completely defined within one period of the cutput sequence.
The statistical properties of a segment of such a pseudo-randem sequence
may also be detexmined precisely. The eutput sequence, or any dasired
segments of it, may be repsatahly generated with a certainty as to the
'statistical® properties of the signal. Rells and Webster have considered
K various linear-feedback shift wegister somrces, so the stimuli have

traditionally been periodic. A true nolse source, on the other hand,

cannot be precisely i for short of its output. It

cannot be guaranteed that an output of conveniently short duration will
have an‘amplitude distribution sufficiently cloge to a prescribed distribution.
For xandom sources Which are Geussian, the bandwidth-time law may be
used to the power_me time .
R Consider an estimate v_z of the mean square amplitude V2 of a
: statjonary noise signal. ILet the noise have bandwidth B, and let the
. estimate be an average formed over a time T.
measurements will show ng_rto have a nermal (Gaussian) distribution with
standard deviation of ¢{v2). A form of the bandwidth-time law {Rancahan,
1978) gives f

sggy Lo -
—-‘-}:2——— \,ETI“ 1.4 ~ 1)
This relation is usefu) in cases where BT > 5 (say) (Bendat and
Piersol, 1986, p 187). This xequizement may be assumed in the present
work.
A typical 100 Hz bandwidth gives a 100 second measurement time to
reach an uncertainty of 0,1 4B. The measurement may be expected to fall
within this limit in 95 percent of cases, (Bendat and Piersol, 1966,
i P 242). This measurement period is almost intolerably long fox routine
H measurements.
Rolls and Webster have noted that the use of a pseudo-random source

i allows that any other unpredicted properties of the filtered noise source
actually realised be defined. These include the crest factor, and the
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effects of non-linear and non-ideal circuit elements. Non-linear elements,
particularly those ble to on, can be to 1y

modify a Gaussian distribution.

1.4.2 Parameters of the Test Signal
When a periodic stimulus is used, it is sensible to make the measurement

time equal to one signal peried. Rolls and Webster have set the period
requirement as less than 0,5 seconds. -
Some other stimulus parameters have been fixed on the basis of making
the stimulus simulate narrow band limited teue noise. The probabllity
density function should be Gaussian. The probability of true Gaussian

. noise being 13 @B above the root mean square value is 0,002 per cent.

Hence a crest factor of 10 to 12 48 is e for the test stimulu:
A1l frequencies within the narrow band of the test stimulus should be

equi~probable. This has been approximated by sufficiently closely spaced
gpectral lines, 2,8 Hz apari. in the Marconi instrument. It is noteworthy
that the i of a flat within the test stimulus bandwidth
has the merit of tending to ensure a £lat quantisation noise spectrum, as
bas been shown by Cattermole {1969, p 239).

. Rolls and Webster have suggested that the bandwidth of the test sigmal

*will bave no real significance on the test result providing it is small
compared with the system input bandwidth'. Similarly, thexe is no
reference in the available 1 as to to select

the most suitable centre frequency for the test stimulus. Cattermole has
used a figure of 500 Hz in hls studies, as have Rolls and Webstex. Various
Telecommunication Authorities have used sinusoidal test stimuli with
frequencies ranging from 300 Hz to 1100 Kz. Rolls and Webster suggest that
‘the frequency should be in the lower end of the imput frequency band'.

1.4.3 Parameters of the Test Si
The band edge fregquencies required for the noise measurement filter appeax
also to have been 1y fixed within @ limits., One iLactor

has been the provision of a guard band between the (send) filter defining
the test stimilus and the noise measurement £iltex.

A naxrowband signal level measuring filter is essential at the receive
side only if hish QD levels axe present. -This filter need not have such
good characteristics as the send and noise measurement £ilters. The £lltexr
defining the test stimulus before input to the PCM system is referred to
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subsequently as the ‘sepd’ filter. The filters operating on the PCH system
output signal to resolve the stimulus and distortion powers are referred to
subsequently as the ’signal' and 'noise' filtexs.

An important idem raised by Rolls and Webster is that of the SNE
indicated by the test set when it is looped back-to-back, They have
considesed weasuring signal to quantising noise ratios up to 36 4B, In
order to measure this to within 0,1 4B, the test set back-to-back signal to
noise ratio must be 20 @B better; d.e. 56 dB. The idea of 20 dB excess
test set SNR in order to measure within 0,1 §B, can easily be shown to
apply regardless of the magnitnde of signal to guantising noise ratio to ke
measured.

Frequent reference has been made to the work of Rolls and Webster at
Marconi. Their work is tha most useful standard for. the present purpose
because they (and Waddington) have consifiered carefully the requirements of
9D measurement. The Federal German Post Office had, previcus ta the work
at Maxconi, presented QD test system proposals to the CCITT. These
involved a 10 stage shift register source, 10 kiz clock, 200 Bz wide
bandpass filter, and gave r 10 Bz spectral line spacing. Rolls and Webster
have given extensive couparative test results showing the Marconi source o
give results closer to those obtalned with true moiss.

1.5 Qutlipe of the Present Work
The present work has been to investigate the usefulness of Walker's
flexible psend source techni. in the" of test stimuld

for QD measurements on PCH gystems, This has been resolved to the
deslgn of a test system incorporating a flexible pseudo-random sotxce,
with the aims indicated previcusly in Section 1.2.

The availsble literature on §D measurement has been surveyed. The
philosophy underlying present D and

placed upon el ts of present systems have been appraised.

‘he aim has been to examine the requirements explicitly, and to state the
conclusions formally as they apply to the test system aimed at higher

accuracy than present systems.
A test system which differs from existing designs at the circuit
functional block level is proposed in Section 2.5. The proposals have

taken cognizance of both Walker's p source 3 as well
as recent developments in . Much of the

present work has been to examine the feasibility of such a system,

establish the major design parameters, and evaluate the werits of such an
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approach in terus of the significance of the gb measurement.
In order to obtain quantitative resuits in the sbove investigations,

a flexible simulator computer program has been written to Tun on an

I 370/158 computer. This simulator allows a variety of test systems and
pazameters to be modelled in conjunction with a typical PCH system.

Bnother version of the simlator has heen written to rmun on a Data General
Nova 1200 minicooputer. A digital to analog converter has been interfaced
o the Nova. This provides a facility for gD measurements using the
proposed test system and techniques to be made on hardware systems. A
hardware version of the PCM encoder médelled in the TBM 370 lmulations has
been built and interfaced to the Nova. 7The facility to perforn couparative

‘tests on the simulator and the has been

& test method has been proposed whereby tests are -Gone for both high
2nd low fraquency stimuli, and for which fewer assumptions need be made
about the guantisation noise spectrum. A fawility has been provided to
investigate this method by computer simulation.

Two ideas of fundemental importasce have been genersted in the present
work.

& simpls algorithm has been proposed which allows a signal to
quentising noise ratio curve establishled using Gaussian stimuli to be
transformed to the curve which would have resulted if stimuli with
speech-like probability distribution had been used. A procedure to
calculate the error due to the use 'of a Gaussian stimulus as opposed to
a statiptically sp ike stimnlus, has been

‘The work has also entexed the area of the theorstical basls for QD
measurement by non-Gaussian stimnli. A distribution limiting effect has
been observed when f£iltering non-Gaussian signals. It has been shown quite
rigorously that this effect caunct be anticipated in terms of the central
1imit theorems. This result is surprising in that it is contrary to
commonly accepted views.

-




2 SYSTEM DEFINITION PEILOSOPEY

The purpose of this chapter is to examine more closely particular aspects
of QD measurement. The intention is to discuss explicitly those aspects
which were the foremost considerations in the definitlon of the general
system requirements. Herein lies the motivation fox the form of the system

' proposed in outline in Section 2.5 and detailed in simulation in Chapter 3.

It 15 convenient to abbreviste the term signal to quantising noise
xatio to SQNR, and this distinguishes it from the unqualified sighal to
noise xatio (SNRY.

2.1 specification of the Brimary Goal - a Range and

The essential aim has been to define a system which is capable of measuring
signal to quantising nofse ratios up t6 4338 and meaningful to within (say)
0,25 dB. An SQNR measurement is meaningful only insofar as it relates to
subjective assessments of speeh Link quality; this point is discussed in
Section 2.3. This specification was not fixed for wholly arbitrary
reasons, but was decided by the following considerations. b
It is felt that a need exists for measurement of SQNR's of up to 3
some 65 aB. This need arises in conjunction with speech-like signals in
4udio equipment employing PCM. Such equipment s primarily studic
squipment at present but a variety of ECM audio adapters are appearing for
consumer video recorders (Cohen, 1977). . ;
Experimental adspters have been Qisplayed using 12 bit and 13 bit
ecoding. Such coders can be expected to give SNR's of 6338 and 69dB,
assuming linear éncoders and speech~like siguals. Companding encoders
may be expected to give some 2048 advantage over these figures but have not
yet been demonstrated. Yo measure a 653B SQNR to within 0,148 would
require an 8568 test set back~to-back SNR; to measure within 148 would
require a test set SNR of about 7idB.
For telephonic use, it 1s reasonable to expect at best an eight bit
companding system, even for tandem links with repeated encoding and
decoding, (Ramsden). It is expected that such systems will proliferate as
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the CEPT P Ao eight bit code, 13 segment A-
law companding system gives a peak SQNR of over 38aB. Such a system has an
SQNR of aver 37dB over an input range of some -32d5 to ~3dP referxed

to peak input. It may be required to-test different companding systems
where this flat portion of the SONR characteristic has been traded for a
higher peak SQNR. Cattermole (1969, pp 135-138) has derived results for
the variation of SQNR as a function of A, for A~ law companding. 2an eight
bit coding will_give an SQNR of about 42,53B for A equal to a'value of ten.
Grester deviations from the typlcal values of X around 100 are uniikely to
be of general interest.

Hence the measurement requirement ranges from telephonic systems with
SONR below 4338, to extreme fidelity systems with SQNR over 65dB.  The
.measux'emenr. of SQNR's up to 43dB has been adopted as a minimum requirement
for the present work. 'The aim, however, has been to seek to make the
system proposed as useful as possible in the testing of higher fidelity
gystems and to determine the practical limits of this'usefulness.

It is noted that the Marconi IF 2807 is specified to measure SQNR
from 848 to 4248 within an erxor of + 0,5dB. There is Some motivation :
for designing a more digitally orientsd instrument even within these
specifications, However, in. the present work it has been sought to
determing SONR meaningful to at least +0,25dB over the same zange. It is
felt that a reading accuracy within 0,188 is a worthwhile target, but the
need for an accuracy significantly better than this has not yet beeh
established. ’

On the basis of the specification established above, it is necessary ‘
to exsmine those aspects of a test system which influence ‘the-measured gD :
by even 0,1dB.

2.2 .Ap Evaluation of Time Demain Subtraction
In the design of QD it is to'make an eaxly
decision as to whether a time domain or a Frequency domain approach will
be pursued. 1In the present woxk, it has been decided to pursue @ frequency
domain spproach. This is & major decision in defining the system, and
warrants a wore than cursory examination of time domain systems.

Cattermole (1969, p 238) says of .time domain systems that :
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'It might, therefore, seem possible to measuxe it [SQNR] by

dizect comparison of input and output, supposing these to be

available at ome place. In general, this is not so. The constant

delay and di i by the filters, makes direct

comparison meaningless.®

Cattermole allows that it may Le possible to vonduct vesearch studies
by such means, but for a ioal i 3 system s that :

Thus we need 2 method of estimating the quantlsing noise without

having the complete exror waveform available.'

No analysis of time domain subtraction for QD measurement systems has

been found in the literature. The analysis of the remainder of this
. sectien is presented because it guided the choice of a Erequency domain
approach in the present work. It has no pretensioms to rigour.

A time domain subtraction scheme must present two signals to the
subtraction device. One signul, of course; is provided by the BCK link
under test. The satisfactory provision of a suitable reference version
of the test signal, however, appears to be a difficult matter.

In order to analytically determine the general requirements for time
domain i it is y first to develop a manageable
but conceptually correct model of the test situation. Figure Sta)

represents a general PCM system as determived by its functional blocks. In
this nodel, the G, (s) are transfer functions and s is the uwsual Leplacian
operator.

s=0+ 30 .

Tmmediately after the imput to the PCM system there will, in general
be an anti-aliasing filter. fThis is expected to be a Fully analog stage in
the sense of a linear time invariant contimuous time and amplitude model.

Tt may thus be correctly by seme The maior
part of the »7M system is, of courge, a sampled data (discrete time)
system. By 1 forms in the

transfer function, it is possible to Incorporate the sampled data mature in
a tranyfer function model. This idea is detailed in Gupta (p 164 et seg).
A zero-order sample and hold circuit can be rapresented as having a

transfer function.
-8
Gp (8) = 1-e (2.2-1)

5

&
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where T i the sampling period.

iIn Figure 5(a), the anti-aliasing filter and input sampling circuit
transfer functions have been lumped together and are denoted simply by
G,(s). ‘similarly, any outpat hold clrcuitry and the output reconstruction
£ilter have been lumped, and are denoted by Ga(s) . The output of the
quantisation noise source is only very weakly ccrrelated with the imput
signal.

There is also a frequency independ@nt delay through the PCH link.
This is not necessarily constrained to be an integral number of sampling
periods, but is usually a constant for a particelar link. This may be
represented by a transfer function

5, (s) = Fadd (2.2-2)
for a delay of T seconds.

The gain and 3. 14 i of the codec
are not sently by They do,
however, have time ampl itude sty n

developing ‘the models of Figures 5(b) and (¢}, it has been assumed that the

compressox and expander have inverse istics, to a good

at leagt. This is consistent with the assumprion that the QD is the major
link impairment rather tian total harmonic @istortion (T6D) due to mismatch
between the and tics, Hence in developing

Pigure 5(c) from Figure 5(b), the and present
a linear transfer characteristic to the input stimulus, and may be
accounted for in G, (s).

The re-arxangement of Figure S(a) to give Figure 5(b) has been done on

. the following basis. It is permissable to move the link delay block to

after the expander because G,(s) is purely a delay and performs no signal
amplitude modification. The delay may then be lumped with 63(5) . The
guantisation noise may be added after the expander, provided that the new
model. quantisation noiss source 92 is dafined so as to affect the system
cutput signal in the same way as Q1 does. As the expander is non-linear,
92 wud Ql are dissimilar; the amplitude of the output of Qz is loosely
dependent upon the amplitude of the compressed sigdal. The source Q2 is
the more directly useful source to measuy= for QD evaluation.

In simplifying the linear system of Piguxe S(b) to give Figure S(c),
it is necessary only to define the nolse source 93. This source is
equivalent to the source 0, followed by the pawer spectvim shaping of
Gyls).
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Consider the model shown in Figure 5(e).
It is ideally required that the delay path be an exact xeplica of the
PCM system wnder test, except that it should not include the additive

quantisation noise source.

QUANTISATION
PCM "YSTEM NOISE SOURCE
G(s) l ‘ Q3
Vi(s)
Bis)
. — .
QUANTZSATION
H{s) ERROK SIGNAL
DELAY PATH

Figure 5(c) Analytic Representation of a Time Domain
Subtxaction System.

1In order to derive the quantising exror signal, it is conceptually
regqiired that H(s) = G(s). A practical measurement will be made only to a
Llimited precision. Hemee we may consider that extent to which the above
requirement may be x~laxed.

The preséat woxk has considered only PCM systems intended for speech
communication. A requirement has been the facility to test any such
system. Hence G(s) is restricted only in that it be the transfer function
of a speech link. However, this does ensure that in practlce there is one

sible relaxation of the that B(s) = G(s).

tetfata)] = ata)
and arg G{s) = p'(s) (2.2 - 3
Then P'(s) = P(s} + D(a) {2.2 = 4)
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where D(s) is the linear phase ctmponent cogtaining the pure delay
in the PCM link,

For any speech link, the settling time of the tmpulse yesponse will
lie within a certain range. This range is limited bicause, for purposes
of determining the test duration, D{s) may be excluded from the formation
of the impulse response. Unless it is essential “o save some tens of
millisaconds in the test duration, it ie reasonable o reguire only that
Bw) = 6w,

Let 1atw)] = Blo)

and arg B{w) = Q'(w) {2.2 -~ 5)

The signal subtraction requives that bath

B {w) =alw} and Q' (W) = p' W) {2.2 ~ 8}

7t might be sought to further relax these requirements by generating
2 test signal which is bandlimited to significantly less than 4 KBz (say).

If this were done, the gain end phase matching would be required only over i
arange 211 £, S0 S 2ATE,. :
It would be acceptable in practice te relax the required equalities to

approximate equalities. The requirement is the ability to assure the test

instrument user that a measured signal to quantisation nolse ratio is

acourate to within a certain £ixed uncertainty, say 0,1dB. Consider the

general analytic problem of relating the sxror allowsd in the gain and

phase matches to the fixed overall uncextainty. :
This analysis has to be in terms of fairly arbitrary transfer .

functions G(# ). and B(8). Tt is necessary to define a quantifative }

to the aegree of match achieved.
Let V() be the frequenay spectrum of the test signal. Iet the
error signal avising due to transfer function mismatch be c{t), and the PCH
sampling frequency be £, = ”9/2" . C{®) is the Fouxrier transform of .
cft).

‘Then
clew) =viw) 6lu) ~v{n) Hlw) (2.2 -7
Blso, taking | v(w)] = 0 for |ul<w, orlsl<w .

gives the exror power am
+b)o UJH

i f]c(m)]*am =2 f[V(m)lz'!G(mi - H(w)]? s (2.248)
o We
11

vhere w = '"s/ 2
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et the transform pair of the guantisation noise bé qt) <> Q{wl.
The measured signal to guantising noise ratio would then he

Y = u‘):ﬂf}vm)}* &y 2,2~9)
+ U
-, f Jot + et |? &

In order that the seasurement lie within B @8 (say}, of the trve
value, it must be ensurid at the vexy least that

Y
o
10 Lo, ,«_mﬁg(m + Cwy]? dw (2.2 ~ 10)
'8 .

Hy
o 2
i flow ) o

A mafjor objection to time domain tibtraction ie that the abeve
requirement i ALFFicult to emsure. T.e quantisation noise power is, ob ;
course, not known. Furthexmors, 5t is known to be 2 function of the test ;
signal level, as is C{w ).

Let us consider also the task of implementing a time domiin subtraction
system. It would be necessary to provide the facilities for measuring
G{w) because alw ) and P'{w} are not knoun ab Initio, This holds
implications of complexity, cost, and long test duraticn. For a speech
system there are reasonsble limits to the minimm time in which a point on
G{w) can be evaluated & a steady state regponse. additionally, it is .
neither desirable nor always possible to separate Glw ) from the associated
quentisstion noise. Then there is the non~trivial problem of measvring the
ph .chardcteristic of a system with geogrephically separated end
points. N

The measured values of G{w) must then be used to program the
synthegis of H{w). This programming step cculd be a significant burden on
1 el The facility for

the user, or involve
transfer finction synthesis would have to be substantial one. Kikkert’s
syston san at best e a delay ing to a linear phase

characteristic
Otw) = Qlw,) + Plw) , where  wxy<ug
In practice it is possible to include a varisble gain stage in the
delay path. This may be set for each systen tested to yive minimm
indicated quantisation error. This allows that A(%) be known only to
within a constant scaling.factor, but ayain demandé’Sperator intervention
or agditional hardware. Kikkert's system cannot compensate for pessimism
infyoduce by misuatoh in A(Y.) snd B(U). :




23

The above analysis prompts a leaning towards rarrowband test signals.
Indeed, it 1s proposed that time domain schemes with

test gignals warxant morve detailed 3. Linear of
the amplitude and phase functions over a narrow band should be possible

vith sufficient accuracy. This would greatly reduce the problems of
identifying and i the Howevexr, the need to
pandlinft the test signal even for time domain subtraction has rot been
xecognised in the literature, ‘and mo detailed resulfs are available for

rison with domain

Even allowlng for the bandlimiting stratagem, there-are additional
diffjculties which must be considered. It must be énﬁcigats(l'ﬂyac the
subtyaction device would need to be very precise and'stable, and have good
output slew-rate capability. This, however, is a mere technological
consiferation as opposed to a fundamental one.

A possible objection to time domain subtraction, however, is that two
channels are required. This impediately doubles the effective test
duration, ceteris paribus. F it is that
both channels be capable of ‘transmitting in the same direction. This, in
fairness, does not immediately exclude time domain subtraction from

where’ the i is’the ‘testing of a single bi-directional
1ink with 1ly “IX . It'is as well to detail the
considerations because such links are a m“ situation, and arve implicit
in the possible fature proliferation of digital telephone subscriber loops.

Single bi-directional links way be tested by looping the limk. This
uight be done by Jooping the Aigital portion of the link, and may be done
at any convenient point. B2An alternative scheme may be considered for
testing codevs in a telephone s i £rom the a

command sequence may be sent from the exchange to set up in the’ subscriber’s
instrument: a connection from the decoder output 'to the encoder ipput.
Whichever of these two schemes is adopted, it is possible only to test the
encodex-decoder paiz at one end of the link. It is not possible to measure
the of the der-decod which exists in normal
operation, However; the sim is efther to Gwvelop a codec ox to maintain

it. In the formexy case, one seeks to measure the performance of a single
unidirectional liuk, but the ends of ‘the link are not widely separate. In
“he maintenance situation, one seeks merely to test a code¢, and a loop

test is probably sufficient.
A time domain system will be further complicated by :the provision of a :
facility to test systems where the PCM encoded signal is ‘stored for an :

i
|
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undetermined period of time. Such systems would, of course; include tape
and aisk recorders whexe playback is initiated manually. The requirement
15 that the test equipment incorporate-the facility to synchronise the test
signal and’ the decoder output signal. This is merely another factor to be
weighed up in consideration of time domain as opposed to frequency Sowain
systens, and again indicates a need for further detailed investigation of
time domain systems.

o gefleral terms, then, it seems that time domain systems involve
complications of .implementation. These complications stem from the
requirement that the tést signal be completely lnown at ‘the receive end.

domain syst in require only that the~amplitude
spectrum band Limits of the test signal be known at the récelve end.  Bence

it was Gecided to pursue a frequency domain approach in the present work.

2.3 an ion of Established far Domais

The 11y established for Qomain systems
have been described in Section 1.4. Tt bhas been established in Section 2.1

that, for the accuracy sought in the present work, it is mecessary o
examine s11 the mechanises which affect the SONR measured by even 0,1d8 or
less, As was indicated in Section 1.4, the quantitative Tequirements of
several of the test paremeters have not been established precisely in the
literaturs. The purpose of this-section is to discuss further-the test
vequizements, so providing a basis for the approac: tm precise parameter
determination introduced in Section 2.6.

2.3.1 Exequency Spectral Requirements
The test stimulus is required to have certain atiributes in‘terms of its

and Ly to ave certain ststistical properties.
nmong the statistical properties, the amplitude probability density function
(PDF} 15 of particular interest. The signal spectral reguirements will be
con‘sidered firgtly; the statistical requirements are discussed in

Section 2.3.2. ’

It is worth making a aistinction hetween two groups of Erequency
spectyal requirements imposed upon the Certain are
consequences of the test method and the substantial correlation between the

quantisation noise and the test stimulus, Other constraints are imposed
on the test stimulus frequency.spectrum in order that the ‘required POF may
be achieved.
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As noted in Section 1.4.2, there is no account in the available
literature of a e ion of SONR a5 a of centre
frequency of the test stimulus. It is re-iterated that if this Function
Fluctuates by 0,1dB, then it is necessary to make a reasoned selection of
the stimulus centre . 'This selection has been by
the test method used, in order to allow a significant noise measurement
bandwidth. It is on this basis that Roils and Webster have argued that
the frequency should be ‘in the lower end of the input frequency band’.

In Section 2.4.2 a is which the
injection of a signal near thé upper end of the input freguency band. It
is felt that a detailed evaluation of this test method is a necessary step

.in the design.of a practical QD measurement set. It'has been necsssary

throughout the present work to take full cognizance of this condition.

While a facility fur evaluating this test method has been designed into

the hardware and software test systems built, no evaluation of the test
method has yet been quantified. It is thus noteworthy that even if the
constraint of the measurement method is vemoved, there’ is still couse for
requiring that the centre frequency be in the lower end of “the input band.
The motivation is that more tham half the long term mean power of speech is
concentrated in the frequency band belew 450 Bz. Richards (1973, pp 72-75)
has given : 11y pectral~data over the band 100 Bz to

§ kAz. He has noted that, for telephones, the full range is not transmitted
and that, generally, 'all parts of the range do mot have the same importance’.

accepting, them, a low end centre frequency, Cattermole (1962, p 237) has
noted that noise power measurenent may be hampered by slow bsats when using
a nominal 800 Ez tone and an B kHz PCM sampling frequency. It seems advisable
to avoid a i centre which is a ic of the sampling
frequency, but in general the sampling freguency may be unknowm initially.

There is a further factor which militates for the use of a low stimulus
centre frequency. Cattermole (1969, particularly pp 175-182) has analysed
quantisation noise effects due to small companding impexfections. He has
noted that an arbitvexy but significant distinction may be drawn between
quantisation noise and haymonic distoxtion effects dus to a displacement
petween compressor and expander (as shown in Fig. 6 ).
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Figure 6 Offset between Compressox and Expander.

This distortion may exist even in the absence of guantising. Suffice
it to say, howaver, that this offset is expected to be common in BCM
systems; the offset is introduced where similar weighting mechanisms are
used for both encoder and decoder. This results in a decoded level being
at one extreme of the imput quantum level, as opposed to the centre, but
obvistes complication of ‘the decoder. Cattermole has derived an approximate
expr. vsion for this di lon with 1 and this allows

1y for practical telephone codecs, both A-law
and y-law. The odd hawonfc domponents are zerc. The total dlstortion

power is only 0,2dB above the pawer of the second harmonic alone.

c: gives a telephone example for a 7-bit codec with
2548 a ax of A = ~1/128 glves a second
harmonic 3538 down. The idea in the present work is that it is possible to
exolude this second from the SQWR, by

TRE
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a low test centre . By excluding this contribution
in one QP measurement on a system, :ad then re-measuring @D to include this
component, it may be possible to identify the presence of an offset and to

quantify its noise contribution , as a tel example, a

stimulus centre frequency of 420 Mz (say} as opposed to the usual 500 Hz.
The conventional noise measuring filter with lower band-edge at 860 Hz
would then the second hi i The possible motivation
for“éxcluding the second harmonic is that the harmoide distortion is
distinguishable from quantisation distortion by its simpler correlation
with the test stimulus; and the two effects are subjectively different.
However, further investigation is neseded to decide this question in texms

.of choice of stimulus centre frequency.

Referring to Figure & and the model of Figure 5(b), it is clear that
nop-linearities may arise due to mismatch of compressing and expanding
charactezistics,

i.e. when g(¥,) # f‘l(yz).

cattermole {pp 183 ~ 192) has given some approximate analysis to
derive asymptotic limits to the degradation of SNR due to this mismatch.
He has pointed out. that both and rundom displ of
encoding and decoding levels must be considered, and this will incorporate

the effects of circuit ncise and imperfect vneoder decision circuits.
Cattermole has defined conditions under which the varicus noise powers

04d independently, and holds that input noise and encoding imperfections

miy be 'indistinguishable! in practical measurements. The vesults are not

i
i

detailed here because no way can be seen to relate this general amalysis to
the choize of test stimulus centre frequency in such a way as to enable the
different impairment sources to be separatad in measurement of QD.

The second spectral of the test stimulus is its
bandwidth. The bandwidth must be small enough to be compatible with a low
centre and a noise bapdwidth. Yet the
essential requixement is that the bandwidth and test duration be sufficient
to allow the reguired amplitude PDF to be The bandwidth-ti
law is not & restriction if a pseudo-rendom stimulus is used.

It is clear that there must exist an uncertainty principle which
relates the minimum uncertainty' in measured SQNR to, amongst other

the . No formal analysis of this has been
encountered in the literature, and none * s been felt necessary in the

present work. 'The mechanism by which the test duration influences measured
SQNR, for the test systems outlined, is again the limitation of achievable

V2R o S ‘
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PDF, It i nacessary to ensure that the test duration exceeds the minimam
corresponding to the 0,138 SONR uncertainty sought. This is covexed in
Secticn 2.8. With this minimum assuwance, it is necessary to fix a waximm
bound to wiich the test duration may acceptably be strefched to allow
convenlent eng an tester to do daily single
level checks on 1C 000 links, say, allows a test duration of over B seconds

per link. Eight seconds has been chosen as the upper bound on test
Quration. This allows a full 30 point SQNR chaxacteristic to be established
in fonr minutes.

Reference has been made sbove to the test duration. The duxation of
signal and noise level measurements may nearly equal the test duration,
.because the settling time of a speech Link is small. Once the memsurement
duration has been fixed, it is wost convenient to make the test stimulus
periodic with period egual to the measurement duration. Then no special
synchronism is required between stimulus injection and receive end
measurements.

A test stimulus of peried ? seconds will, of course, have a discrete
frequency spectrum with amplitude spectyal component spacing of

£ = /0 Hz. Tt is necessary to ensure that there is a sufficient number
of spewtral lines within the bandpass limits of the test stimulus, in order
that the spectrum appears spread within these limits. A broader stimuius
with more spectral lines of significant
ampiitude will tend to give & flatter quantisation noise spectrum s
required by the test method.

2.3.2 Statistical Properties Required
Together with the above frequency spectral requirements, it is necessaxy
that the test stimulus has a certain awplitude PDF. The purpose of this
section is to examine the question of what PDF the stimulus should be
required to have. An implicit question hexe is that of the zole of the

EDF in ng the SQNR The mechanism by which the
PDF affects the SQNR has been sati 1y and ®
126) has given a good brief amalysis. The analysis is given immediately
below as it is the starting poiat for the subsequent evaluation of what PDF
the test stimulus should be reguired to exhibit.

Consider a quantiser with signal range divided into ¥ intervals which

are ot necessarily equal. Let the i~th laterval be'of width 4 centrea

on amplitude *;- Let signals in the range x; - qi/25x<xi + qi/z b
quantised to X,. Det the amplitule probability density (FUF) of the
signal be denoted pix).
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Then the squared error due to signals falling in'the i-th interval may .

be seen in statistical average form
N+
2

L (- 2% 500 ax 2.3 -1

In cases-vhere the quanta q, are suall compared to'the comonly
occupied signal range and whexe the PDF p(x) is a smooth function, it is
usual to asswme that p(x) is approximately'constant over a guantum interval
and equal to plx,). Noting that the squared error contxibu.on is
independent of the polarity of the error, the abave approximation may be
seen as approximating-the p(x) curve over each interval by a straight line
segment. This approximation 1s not expected to be significant. Bence

= 1 3
537 Plxdeq; (2.3.- 2}
The i~th interval will make the sbove contribution with probability
7 gi/Z
® Plx) dax (2.3 - 3a)
x - a2

Using the same approximation as before :

By = plx) .y (2.3 = 3b)

Heénce summing the contributions of &1l intervals to ‘the total squared
error :

N,
=1 2
kvl b 9 - B (2.3 - 4)

Thus the PDF weights the error power contxibmtion of each guantum
intexval in forming the average arror power. In view of this direct role’
played by ‘the signal POF in determining the SQNR, it is now necessary to
- exanine the problem of specifying what the test stimulus POF should be.

" Waddington (1969) was constrained to generate a test stimilus by
filtering a natural noise source which was both white and had Gaussian PDF.
As an icipated from lingar filvering theory (Taub and Schilling, 1971,

PP 240-242), the narrow band stimulus also had Gaussian PDF. Rolls and
Webster have f£iltered noise from various linear feedback shift register

souxces.
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These have given approximately Gaussian POF's. They have formally
the ‘that. the i have Gaussian PDF, on the
basis that the psesdo-vandom stimalus POF should be as similar as possible
to the EDF of Waddington's true noise stimulus. However, it must be B
emphasised that this is not & 1 ré 1t is to
require that the stimulus PDF be similar to the PDF of 'average’ speech.
It has been convenient to use the experimental determinations of speech PDF
given by Richards {1973, pp 63-69). These experimental speech PDF's are
shown in Figure 7, together with the curves for elémentary analytic models.

PROBABILITY t i i ;
DENSITY !
FUNCTION
- :
0,2 N GAUSSIAN,
EXPONENTIAL
0,1— —
GOOD QUALITY :
MICROPHONE N
0,05— —
TELERPTONE
0,02 B
0,01~
0,605 — :
Non‘mmslzn Aw?mmlnx )

o L 2 3 4

{a) Normalised amplitude = ratio INSTANTANEOUS/RMS
{b) Exponential distribution is a straight line hexe,
because ordinate scale is logarithmic.

Pigure 7 Iong 'Perm Average PDF'E OF Speech, and Analytic
Distributions "(aftex Richards, 1973, p 65).
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From Fig. 7, it is noted that neither the Gaussian, nor the exponential
aistribution is a good fit to the exparimental curves. The extent to which
the apparent dissimilarity in these Qistributions is significant in the
measured SQNR, is a central in this ai This tion is
answered in Section 5.2. It is convenient to note now, however, that the
gamua distribution suggested by Richards (1973, p 66) will closely €it the
experimental curves for suitable values of the parametex h; the adstribution

nay be written as :

_ he
sl =k, O e e™ 235
2.Tm

where h 15 a parameter, and ¥ ofh + 1) P is the gamma functicn, and
'x is equal to the instantaneous amplitude divided by the long term RMS
amplitude of the speech signal.

p(x) is the probability density function.

h = G,5 gives a good fit to the curve for good fidelity speech, and
h = 0,2 vill model a carbon microphone singmal.

A more approximate speech PDF wodel two eq G 1
distxibutions which are 23&EB different in level. Yhis is noteworthy
particularly as the starting point of the test algorithm proposed in
Section 5.2

ALl the speech PDF models considered in the present woxk have been

assumed to be i £or and amplitudes. In
general, this assumption does not hold for any individual talker, but it is
felt that dep fxrom are not c and reflect detail

unwarranted in the present work.

hccepting for the moment that the test stimulus should idsally have
a POF like the long term average power of speech, it is necessary to assess
the limits to latd £rom this PDF. These limits cannot be
precisely determined for a general purpose distortion testex, however)
because the sensitivity of measured SQNR to input distxibution depends on
the particular coding and the companding law and its segmentation and
imperfections. Cattermole has analysed SQNR characteristics with stimulus
distribution as qualifying + For ic A-law
companding, his calculations show that the SQNR of a Gaussian signal may be
up to 0,348 better than that of an exponential signal. The calculations
4lso show that for B-law p , the al signal
would have Q,3dB better SQNR than a G ian signal. Calewlats using

the gamma distribution have not been found in the literature, but the above
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i results serve to give some indication Of SONR sensitivity to signal

i : distribution for common systems. The results of Rolls and Webster are

H similarly noteworthy. They have compared measured SQNR charasteristics as
¢ obtained with a Gaussian true noise source, with those obtained with an

H Gi ian p: dom source. In common PCM systems, the

neasurements differ in places by over 0,3dB. The extent of the approximation
to the Gaussian FDF achieved by Rolls and Webster is shown in Fig. 8.

| p

i

@ — ()

et BMPLITUDE PDF

AMPLITUDE AMPLITUDE

{a)} PDF of filtered psendo-random noise
{b) Sketch of true Gaussian PDF

Figure 8 Gaussian PDF Approximation Achieved by Rolls and Webstexr
{Aftex Rolls and Webster, 1974, p 94}
it is noted, too, that thexe is no consistent bias as to whether the i
true hoise or the feedback shift register source gives the higher SQNR.
4 Indeed, this is FCH system SONR
i sensitivity to PDF shape is explored in prinoiple in Section 5.2.
The above conyiderations bave led to the following system reguirements.
The test stimulus PDF should be speech-like; in analytic terms it should
approximate to the gamha Gistribution for parameter h = 1,5, ¥he test
signal may also be tn c as indicated in
Sectien 2.3.1. Ly, no additipnal can be imposed on

the stimilus second order statistical properties. o
A speech-like BDF has been in to (say) & i
PDF. ‘Inherent in this preference is a desire to make a BONR measirementi

: which 4s jove representative of the speech commmication’ capability of the.
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link., It is important to note explicitly that the speech communication
capability is only meaningful as a guide tp the subjectively apparent
overall quality of the path, and it is for this reason that one seeks to’
measure SONR in PCM systems. Richards (1973, p 294) has suggested that for

purely analog te at least, of ic and lation
distortion 'do not, and are not required to, bear any direct fundamental
relation to the subjective performance of telaphone speech paths'. 1In the
present work, consideration has been given to making the SQNR measurement

to ive guality It is that more

carnful and extensive analysis of the averaging processes i needed, so
that good correlation can be assuved between subjective and objective
assessments (see Belwhex, 1978).

The effect of a speech-like PDF, as opposed to a sinusoid dexived PDF,
is the smoothing of the SQNR versus stimulus level characteristic. 'The
process is one of 14 - averaging, ln that there is no level dependent
weighting of noise or signel contributiors to the averaging sum. This

-1 iy differ from a subjective assessment process. Waddington (1969) has
noted that the minimum meanvred SONR which is subjectively acceptable, is
dependent on signal lev. “n the range of ~5dBm to -25(Bm signals, a SQNR
of 2248 is just acceptable. For a -42dBm signal, a SONR of 16AB is easily

e because ai s ave below the thoeshold of audibility.

The quantitative difference between and subjecti: ' H
atising because of this mechanism, has not besn investigated. Similarly, :
no quantitative work has been done to justify the use of lony teim speech
stasistical averages. Richards (1973, p 442) has noted that 'speech
canmot, for the present purposes, ba treated as though it v re a

tistically ‘ess?. 'This is an interesting fundamental
point,; but daunting to .{nvesw.gat at this stage.,

Another subjective averaging process wight corvespond 6 that of

o of the noise in particular. This is
a well established technigue, (Richards, pp 248-254), and has not been
. explicitly cited in the following work. it ds a Y

feature of a @D tester, and bas Been a factor in motivating the system
proposed in Section 2.5. .

It may also be desirable to differentially weight quantisation noise
as opposed to noxmal circult noise. Richards has noted that, because of
the correlation between stiimulus and guantisation noise, the above noise
types differ in subjective impairiient of intelligibility. i
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The rryniresent of a non-Gaussian PDF wakes formal analysis of the

JRICN e, except ¥ by the H in
2. The difficulity is illustrated in Fig. 9.

testh
Sevtio,

P———

ir THEN
pylx) = exp (~x* /20, %) Py (e} = py (x/3)
. Lo . for A some constant.

= S (kx)h 1.Expl—kx) , (%) not analytically
v21"(‘{) determinable.

UPROSE Py (x) = some :ﬁctr‘ibutien such that
‘ py{x) = gamwa distribution, ;

S

[t

}m w:i 9 Bousibhe P in the Test Stinilus
aneratos

{fme n,,zme source techniques Jusoxibed by Walker (1974, 1977) allow
P, (vts) ':QV». b as desfred, There are thxee broad approaches to genexating
dchs in shick ¥he second order statistics are controllable in sddition
2 em, m»mung a technique recently described by Walker (1978). an

: f‘ech.mque in which the second order statistical properties
souzce T ng&t controllable, The use of sources with prescribable
on propiiztilas as well a& prescribable PDF is discussed in

Thifth sources do not offer immediate advantages. In

9, it is thus necessary to comsider that the second
oédet slatlstlcal, );:cpextiss of ‘the noise source are not: com:tollable.
In the system pxopmsed in section 2.5, transfer function H(s) is mot
initially known,, i dhay to the sok of these probl is’
outlined in Secits
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In the course of ths present work, the existenqe of some 31 (%} which
would give
By = ko™ e vas agsomed,
2.TMm)
the 1L of Section 2.6 has shown thev

assumption of existence of this Py (x) to be vnwarranted for the noise
This point is discussed in Section 4.1 and in Section 5.1.

souzce used.

Domain Subtraction

2.4 Measurement Te with
2.4.1 An Evaluation of the Established Measurement
Technique
The ional has been outlined in Section 1.3.2.

K convenient xepresentation is shown in Figuxe 10, and this measurement

will be tc as single band injection.
AMPLITUDE
OF FILTER
RESPONSE
SEND FILTER

NOISE FILTER

0 an-- ﬂ
{ 3 FREQUENCY
£

fa b c

f_‘ = PCM sampling Frequency

EQ - ES/Z = folding freguency
Guardbang = fc - Eh

True measurenent bandwidth = f" - fﬂ

Figure 10 The Single Band Injection Measuxetent Techmique.

!
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The selection of 1%e parameters fa to fd in this technique has been
diseussed in Section 2.3.1. For reasonable parameter values, there are
three disadvantages which are irherent in the single band injection
technigue. The technique will aiways give an optimistic measured SQNR,
because the true measurement barmdwidth is less than the folding frejuency.
This optimism may be reduced by a correction factor, giving

BONR = SQNR +10 logm{fd - xcl 2.4 - 1)

where the above SQNR'S ar~ expressed in dB. fo

Here, and in all subszequent work, the restriction of the channel below

fa and above zero frequency has been omitted for simplicity. This factor
. may easily be insexted as required for particular RCM systems.

The above correction factor is based on an assumption that the avarage
quantisation noise power spectral density over the range zero frequency to
fc is the same as that over fc to id. This is not true in general.
cattermole {1969, p 240) has a typical noise

ueing & ian noise gentred on 500 Hz. Hexe

the noise spectrum yolls off below 30 Hz at a xate of roughly 20dB/decade.
3t is generally expected that in'the frequency band below the stimulus
injection band, the guantisation noise average spectral density will be
lower tham that at (say) 3f /4. Hence it is not sttractive to try to
ensure that this £actor will be accurate
to well within 0,1a8. N

2 second gifficulty with the single band injection technigue is that
the injection bandwidth is severely constrained in practice. This may
hamper the of a test with the OF. Certainly
it is not possible to make the test stimulus resemble speech in the
frequency spectrum.

The third disadvantage uf single band injection is that the Send and
noise measurement filters must slope off very steeply so that leakage fne
to passband overlap is minimis 3. It is not possible to allow a large
guardband between these two filters, because this would reduce the noise

measurement bandwidth. £ g fc.

2.4.2 A Proposed Measurement Technigue
It 1s proposed that a more convenient measurement technique would be to
inject first a low centre frequency stimulus, and then inject a high centre
frequency stimulus. This technigue will be referred to as dual band
injection, and is illustrated in Figure 1i.
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It is felt that a quantitative evaluation of this technigue is a
necessary step in the design of a QD measurement set. It has been
necessary throughont the present work to take full cognizance of this
condition. While a facility for Fvaluaﬂng this test method has been

‘4nto the and test systems constructed, no
evaluation of the test method has yet bsen qmantified.

AMPLI‘'UDE
HZSPONSE
OF , FILTER
© db-s] FLT 1a FLT 23
! \ - i FREQUENCY
S
o i
© B FLE 2B FLT 1B - .
! \ ! 4 FREQUENCY H

Pigure 11 The Dual Band Injection Technique Proposed

The cperation is ag follows, assuming arbitrary motation. Filter
FIT ta infects a signal of Jevel A 38 for duration T, while ‘part of the
noilse power is measured through filtexr FLY 2A. When this is cobplete,
£ilter FUT 1B injects a signal of level B AR for duration %, while the
noise power is measured through filter FIA' 28. The noise and signal-
energies may then be summed :nd an average SQNR calculateds .

This technique allows many degrees of freelom in design. It permits
of hroader injection bandwidths, substantial guard bands and-elaxed filter
slope~off requivements. It will be seen that the use of two injection
periods is a feature which fits in micely with the testing algorithm
proposed in Section 5.2, The passhands of the two send filters may be
chosen so that the total test stimulus bears some loose yeseublance to
speach in the frequency domain also. The shove factors are potentially |
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very substant:ial advantages of the dual band imjection technigue. Other

characteristics of the dual band injection must be in
in the light of the 4 noise
The detailed yuantisation noise spectrum in a partimwlar case will be

a function not only of the test system, but also of the PCM encodex. Eence
a’general purpose tester should anticipate, and be characterised for,
varjous types of poise spectaum.

" Remnett (1948) has given & theoretical analysis of the spectra of
quantisation exrors, but has detailed only encoders with uniform guantum
size. This has shown that, for many quantisation istervals, the error
spectrum is flat, Bennett has quoted experimental res wich, while
the 11y noise leves. .y 2dB. confirm

that the exror spectmm is £lat. It is important to note that the analysis
has been done for a Gaussian random moise source which has no energy outside
of a band from zers frequency o fraguency fo. » significance of the
normal aoise assumption is that Bennett's analysis is possible only because
the two~dimgnsional PDF of such a source can be determined (Rice, 1945).

The Gaussian random process is special in that all the statistical
properties may be found from the autocorrelation function, and this is
not true generally of raadom processes, (Herman, 1963, pp 81-83). Hence
no attempt bas been made here to extend Benpett's analysis for a source
with the move mealistic gamma PDF. A significance of Bennett's choice of
stimulus band i3 that his L xesults only that the
quantisation noise spectrum is flat over fretmencies above the stimulus
frequency. The analysis, however, shows that there is virtually no
correlation between the exrors in successive ‘samples except when there is

Lat: lation of stimulus values. This may be iiterpreted
as suggesting that the error spectrum is essentially independent of
stimulus bapd limit fn'

Bripad and Snyder {1877} have snalysed -in detsll the guantisation
error statistical properties of linear encoders with Gaussian distributed
inpute. They have derived a necessary and sufficient condition for
quantisation errcrs to be uniformly distributed. They have proved that the
noise will be white provided that the errors are unlformly distributed:

this 1s a weaker requirement then that of no correlation between noise and
input. Ganssian inputs do not satisfy the requirements for a uniform noise
model,.  However, Sripad and Snyder have shown that the quantisation noise
becomes less coloured as the ratio of the standard deviation of the
stimlus to the quantum size Increases.
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On the above basis, it is expected that flat noise spectra may be
encountered. It is noted that the analyses which lead to the anticipation
of flat noise spectra, suggest that the noise spectrum is sensibly
independent of the centre fregquency of the stimulus band. This independence
will be referred to as injection frequency insemsitivity., In the case of a
flat spectrus, injection frequency insensitive system, either the single or
the dual band injection technique couid weet the accuracy specification.
Bowever, the dual band injection technique would have the advantages listed
previously, and thess will be lumped together under the texm ‘implementation’
advantages.

Cases of injecticn freyeency independent systems with.mon-flat erxor
. spectra are philosophically less probable. If such cases did arise, the
dunal band injection technique would have both implementation and accuracy
advantages, 'The need to guess the orror spectrum does not arise with Snal
ban@ injection into injection it In such
cases, the two basic injection cycles may be weighted equally to determine
the average SQNR.

More prcbable spectra are those similar to the example measured in a

codec by C:
neither flat nor injection freguency independent. No general analysis has
been found of the effect on the noise spectrum due to the codec expander
characteristic, but it appears that noise is added more readily to the
frequency band above the imjection frequency than to the band below
injection. The quantitative extent of this has not been determined.
Gerierally, however, this introduces the reguirement that the test stimulus
frequency spectrum resemble the average Speech spectrum. If this were a

1y, the of a time domain

voutd be Dual hand injection is advantageous
to the extent that speech high and low frequency bands are distinct in

tima. '~ In order that dual band injection be utilised fully, it is necessary
to determine the optimal relative weighting of the high an@ low frequency
stimadd, This is part of the difficult problem of averaging paxameters

to give SQNR measurements equivalent to subjective assessments, as outlined
in Sevtion 2.3. A particular Glfficulty is that while there is fairly
distinet time segmentation of speech, syllablc segqments do not show the

to the cual band injection

(1969, p 240). These noise spectra are

spectral

technique. Even if shorter intervals are analysed, and Richards {1973, p
72) has suggested that 20-40 millisecond inteérvals give statistically

it is that spegtra wiil be (low-pass
flltered) excitations with attendant Aiminishing higher harmonics.

ww




"

f 40 H

Richards {1973, p 72) has given curves to illustzate that the long
tern average speech spectral shape is a function of talking loudly or
quickly. The quantitative significance of this phenomenon as it affects
the averaging of the low and high frequency stimuli in dual band injection
15 not known, but is expected to be setond order (small). Nevertheless,
subsequant test system proposals can cater for stimulus level dependent

averaging, as this does not i significant
In view of the cbservation that more: than half the power of speech
lies in freguencies below 450 Hz, it is natural to wonder whether single

band injection is not sufficiently representative of speech. However, it
is desirable to produce a test system vhich is applicable to the testing

. of any type of voice transmi.ssisn system regardless of encoding system.
This is particularly so when the testing reguirements of a general digital
data are It is thus desirable to establish

the requirement of eveutual test syshem applicability to differential PCM

(Dec) systems, perhaps extending in-the limit to delta modulation (D)

systems, Mc Donald (1966) inter alia, has investigated the.signal to : 1
H
1
I

1 | noise ratic performance of DPCM systems with linear feedback networks.
H Be has derived, by dmoLat, spectra of the guantisation -
v errors. The shapes of thesr are very strong functions of the
5 quantiser loading (zee ¥ig. is clear that the flat spectral
H assumption of the singla ban. »n technigue would lead to very
! A erzors, sufflce it to note that

slope overload effects may cause substantial eucoding errors, so that a
Wigh stinulas ig needed to establish these.

The error spuctra given by Mc Denald (1966, p 1138) lend weight to the
argument that it is not possible to measure SQNR to within even i4B 1f£ gross
assumpbions pre made about the erxor spectrum. It is unlikely that erzor H
spectra of FCM systams are substantially £lstter than those of the DPCM
systems studied by Mc Donald, because the DECM error spectrum is not flat
: even with light leading. The spectra are raproduced from Mc Donald's paper
in Pig. 12.

3
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het ws consider the application of a single band injection technique
to the measurement of the nolse spectrum shown in Pig. 12(4). RAssume that
the noise power is measured through an {Seal recrangulaz £ilter with
sozmalised passband 0,1 to 0,45 relative to the sampling fxequency. The
estimated average powsr dengitles cver the various intervals hwmve been
drawn in the‘iiquxa as horizontal dotbed lines. Using the graphically B

estinated data, Lt is clear that 1 the on
H the basis of a £la: sirer spectrum will give a SONR which is nome 0,8 A%
: optinistic. - : a
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Mc ponald has used 5 seconds of tape recorded speech as the system
stimylus. This signal has a frequency spectrum similar to average
telephone speech and a FDF which is close to the gamma distribution.

Mc Donald has motivated the use of this stimulus on the basis that it is
likely to give representative second-order statistical properties. This
type of stimulus cannot be easily used in a frequency domain subtraction
scheme, but dual band injection may slightly alleviate this shortcoming.

Hence it has been felt that a fair eval-uation of possible freguency
domain subtraction systems must include an evaluation of the dnal band
injection The 1, 5tem in the next section meets the
reguirement that it be suitdble for the implementation of a Gual band

;s i€ he design procedures outlined in
Section 2.6 have taken cognizance of the need to evaluate the dual band
as have the simulator: in Chapter 3.

| 2.5 Gutline of the Proposed Test system
The test system which has served as the working proposal in the present

investigation is outlined in Figure 13.

The above system may be uséd as a basis for implementing any of the
frequency domain test schemes described in previous sections. Many of the
system functions im Fig. 13 are performed digitally. It may be assumed that
the various test schemes are distinguished in implementation only insofar
as these digital sections are differant. The various schemes may differ
only in software. .

As has been in ; thexe are
insufficient quantitative grounds to allow reasoned selection of a
particular test scheme. The purpose of the system proposed in Fig. 13 is
to help in the selection of a tést scheme and In determination of design
parawetexs in thet scheme. The system i¢ thus an experimental one. .

The remainder of this section Is intended to establish the functions
and requirements of each part of the experimental test system.

2.5.1 The Pseudo-Random Nolse Source
A {pseudo-xandom) noise source functional block has been shown in

‘Pig. 13. When this label is used subseguently, it will refex to thet

fyngtional block ouly, and not to the whole pseudo-xandom analog signal
genexator .
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Figure 13 Functional Blotks Comprising an

Experimental Test System

The {pseudo-randem) noise source is required heve to allow

prescription of the noise FDF.

No ‘severe limitations as to the range

of prescribable distributions were acceptable initially, and it is
necessaxy that the noise conform acturately to the preseribed PDF. The
noise source used in the present work.has been one based on the techniques

desoribed by Walker (1974, 1977).

These techniques permit of a fast and

accurate source, and are not unduly constrained in the range of PDF
prescribable. An aim of the present work has been to investigate the

usefulness of Walker®s techniques ip QD measurement, so the selection of a
noise source tecknigue hés been gualifled by this constraint. This choice
is not a critical one, as will be seen in Section 4.1,

e
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The prescribed distrinution will be refecred to as the Teguired PDF,
and the actual noise sour.e distribution as the achieved PDF. It will
often be cenvenient to loosely refer to discrete probability distributions
as POF'g.

The need to axbitrarily prescribe the required PDF was Seen to arise
in the following way. It is desired that the noise source achieved PDF be
such that the filtered noise stimulus kas prescribed speech-like PDF which
15 non-Gaussian. It is~known that a Gaussian noise signal applied to a
linear filter will produce an output which is also Guussian, (Taub and
Schilling, 1971, pp 240-242). Ro general theoretical r.-milts were found to
zelate a noa-Gaussian input POF py(x) to an cutput PUF p,(x} for a transfer
function B(s). However it was assumed that, for a particular H(s), there
would -exist some By {x} such that Py (x} would be ‘the desired speech-like
distribution. This was illustrated in ¥ig. 9. Hence it was intended to
search for this p,(x) by prescribing a variety of reguixed PDF's, examining
the filtered EDF of each, and so on. This approach has been explored and
the findings ave given in Sectfon 4.1. The existence of suitable By (x) has
been shown to be an unwarranted asswmption for the noise source used.

2.5.2 Filters
The critivel £iltering is performed by the send and the noise -
wmeasuring filters, FLr 1 and FLT 2 in Fig. 13, It has been convenient to
make the signal level filter PLT 4 similar to FUF 1. These three filters
are all bandpass types. They differ in band edge frequencies and these
freguencies were not initially determined. Blso, the passband of each
filter function needs to be shifted for different measurement cycles when
dval band injection is used. Hence it has been most convenient to
implement these filters digitally in the experimental system. It is
envisaged that in evential fully developed testerxs also, these filtering
functions would be done digitally for reasons of high performance,
bility and stable ties. A further compelling reason

for implementing FLY 2 and PLI 4 dlgitally is the comwenient follow-on to
digital true RMS power measurements, SNR caleulation and display or output.

The stimulus generator up to the digital to analog stage is, of
vourse,a ‘sampled data system, Filter FLT 3 is the Yeconstxuction filtes
and it has been felt wise to Limit its function to that only. The PEM
system under test may contain an anti-aliasing £iltex, but this cannot be

relled upon in genexal to perform the function of FIT 3. There are some.
reasons to include FLT 3 in the test set rather than relying upon anti-
allasing filters in the system to be tested. Firstly, PCM systems intended
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for signals which are knowa to be bandlimited by other considerations, may
not incorporste anti-aliasing filters. The requirements for FLT 3 will be
seen to be modest (Section 4.6), and restricted test set applicability
would not be cost justified by the exclusion of FLT 3. Also, it mey be
necessary to test systems like PCM disk recorders and other good fidelity
systems. These systems may incorporate anti-aliasing filtexs, but have
sampling rates well above those acceptable for the test set. Test set

are disoussed in Section 5.6,

An important experimental simplification rests upon the cbservation
that FLF 3 is unnecessary if the test system sampling frequency is locked
to that of the PCM system, and FIT 3 is assumed o be an ideal rectangular

. lowpass £iltexr with cuc-off freguency {say) at helf the sampling frequency.

Howaver, as tester developument it is y to the

envisaged FIT 3, in order to assess its haxmonic distortion, nolse, and
mo@ification of the test stimulus PDF.

2.5.3 Attennators and Data Converters

It is necessary to be able to set the stimulus sigpal level accurately.
The performance specifications »f the Marconi TF 2807 in this regard have
been adopted in the present work, and these data are glven below to
e of the ;
¢ dewd xeference Level : —16aBm to 4+2aBw in 0,23B steps
Sena level : -60d8mO to +10aBmO in 1dB steps
foe send svel Ls set in the proposed system by digital attenvator
G! together with analog attenvator G2, as in ¥ig. 3. The aim has bven to
maximise the analog attéxnator step size. FHowever, in order to maintain
the test set hack-to-bidk SNR, there are trade-offs to be made between the
relative amounts of digital and analog attenuation, and the required
igital g (D/2) x
A variable gain stage, say attenuator G3, is required to adjust
the RMS value of the PCM system output before it is applied to the analog-
to-digital {A/D) converter. It may be anticipated that the

A/D converter would be one with constant quantum size, because it is
reguired to be both fast and accurate. BAlgo, the mse of a linear szncoding
churacteristic simplifies the filtering It is

desirable that the RMS input to such a linear A/D converter be 124B or more
down on the peak possible input (Bennett. 1948, p 450). Cattermole

{1969, p 128) has suggested that peak clinping is negligivble for a speech~
like signal 2048 down on the overload limit. Hence. it is mot desixable to
reduce the 3/D converter RYS input below this. Similar restrictions spply
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to the D/A converter. This is because the data converter resolutions will
be seen later to be in the 12-bit or better class, so that an extra step of
analog attenuation msy become cheaper than an extra bit of resolution.

It is clear that the D/A converter will add its own broadband
quantisation noise to the test stimulus, as well as signal components due
w its 1 (relati . sSimilar noise components
will be injected by the /D An to
evaluating these effects for dmulgn purposes will be outlined in the mext

section.

2.6 A Test System Simulator

2.6.1 The Puxpose of Simulation
It has been in the of this chapter that there

is a need for more quantitative descriptions of many fundamental aspects of
quantisation distortion measurement. These aspects include, at the system
level, the test and many of the test ata

sevel closer to the design of a useful tester, thare are similarly many
porameters to be fixed. In the system proposed in Section 2.5, for
le, it is to £ix the filter orders; b/a and A/D
converter precisions, digital and analog attenuvator trade-off, and noise
source parsmeters. Fommal analysis of these systems is intractable,
rticularly for non- i gnal analytic results which have
been quoted from the literature are all too appreximate.

Consequently, the present work has been with the

of & computer model £rom which representative quantitative xesults could be
cbtained. Bs noted, the system proposed in Section 2.5 provides a suitable
basis for this model. This general purpose test system simulator has
proved to he & very powerful taol. It is described in Chapter 3, and sowe
results arxe given in Chapter 4.

The use of a computer simulation as. the design tool here is most
fortuitous in that a large portion of the proposed test system is digital
in nature, Hence the xealisation of a developed design from & simulation
is a direct process. Similarly, it has been possible, by slight extension
of computer -herdware, to use the simulator to provide a laboratory QD test
£acility with general applicability.

In simulation, the approach has been to detexmine several:parameters
®y the of SQNR values as a function of those

parametsrs. Clearly this process is PCM system dependent. Hence a PCM
system was selected to serve as a typiral example., The system chosen has
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been built in hardware and modelled in softwave.

The and aiy seen as comwplementary. The
software simulations are more useful for inmitial investigations of a wide
zange of systews. Howsvex, it is difficult to model actual KM encoders
accurately, Trimarily because nf the anti-aliasing filters. When particular
versions of whe proposed test system have been developed, it is desirable
to do comparative tests with (say) the Mewsonl TF 2807 and BCM codess in
sexvice. hlso, an evaluation of a developed vErsion of the pwoposed system
must include the effects of imperfections in the analog lowpads—filter (FLT
3}, ané the D/A and A/D converters. BAgain this is more easily done by

The Of signal PDF by analog filter FLT
.3 must also be examined, and this can be similarly facilitated by
haxaware.

2.6.2 Hardware Considerations
It hab been suggested, in Section 2.6.1, that there will axise in the
course of ¢svelorsint of the system proposed in Section 2.5, a need for a
simulation of thoat system, a=d a)so a simulation incorporating in
hardware the analog élesercs
is to outline the ideas which defined the particular haidware system
design. This design has bren implemented, end dstaiis ave i.pended for

# that system. The purpose of this section

reference ‘(Appendires A,B,C). However, it is necessary here suly %o
establish the for the to be described in the
next chapter.

it is convenient to have the facility to run on ithe same computer
either the fully software simulation or the simulation incorporating analog

bardwars. The general purpose mini-comphter used in the present work is a
Nova 1200 manufactured by Data General. This machine was ‘chosen’ because
of availability, but is quite suitable in that it is readily intexfaced to
other hardware. The Nova bas 16 kilowords of core store, and this has been
a major constraiat in writing the simulation packs 1s include
a qual floppy diskette drive and these are driven through the Decision Disk
Operating System (BPOS). It will be seen in Sestion 3.2.2 that various

DDOS subroutines have been linked into the assembly language interface

between the simulation program and the special purpose tester hardware.
2n essential item of the hardware test scheme is the digital ta analog

1fication of this 1 block was in
the following minuer: The D/A converter reguirements are defined by the
amount of guantisation noise that can be acripted from the D/A. In order

converter. - Ths
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to calculate the D/A converter SQNR, it is necessary to determine the
signal PDF. The D/A signal is, of course, the signal input to the analog
filter (FLT 3 in Figure 13). The PDF of this signal is determinable only
insofar as it corresponds to & particular analog filter cutput PD¥. The
filter output PDF's were envisaged to include speech-like distributions
~ther than the Gaussian. For the Gaussian output PDF case, the D/A signal
has a Gaussian PDF. For non-Gaussian outputs of the analeg £ilter, the D/A
converter signal PDF cannot be determined in gemeral. The lack of general
analytic techniques ko relate £ilter input and output PDF's has been
dewonstrated by Davenport ané doot (1959, p 190). Indeed, it is this
established lack of analytic technique that has most strongly motivated the
similation approach in the present work. ALl that can be dome to specify
‘the PDF of the D/A converter signal is to consider only the Gaussian case.
B/u converter specification on the basis of adequate performance for
Gaussian signals has been found to be acceptable in the light of the
results of Section 4.1. It is hence assumed that the D/A converter signal
is Gawssdan., Conseqaently, for any fixed D/A resolution, it is preferable
that the D/A be a 1 cally “type with i quantum
size. Available converters of this type, however, have SQNR figures
comparable to those of the BCH systems to be tested. The requirement
stands, however, and future test set designs may consider expanding D/A

canverters.

Tie presently available technology'has limited the test set D/A and
A/P converters to types with unifornm guantum size. The simulutor deseribed
in Chapter 3 has been used to verify that 12-bit data converters are just
adequate, as independently anticipated by lengthy approximste calculations.
It may be anticipated that the data converters for a realistic implementation
of the system shown in Fig. 13 would be in the 14-bit class. Bacause

of present the data
to types with uniform quantum size, this limitation has been built into the
A 12-bit D/A converter resolution was thus

considered a specification consistent with the needs at the present stage
of tester developmeat. Such a converter was affordable, and has been
interfaced to the Nova as detailed in Appendix B. A 12-bit A/D convexter
facility was already available on the Nova. :

A haidware PCM system has been as tously,

this PCM system has the puxpose of allowing comparative tests to be done
on a typical PCM system by developed and extant testexs. . In designing the
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‘POM system, however, the aim has been to mske the system as flexible as
possible, so that it might be of more general intevest as a laboratory
Anstrument,

It is a noteworthy simplification in simulation to note that the SQNR
of the PCM system used is a fairly slowly changing function of the speech-
lixe stimulus level. This allows the test system data converter quantisation
noise sources to be lumped, and only an eguivalent D/A resclution need be
specified in the similations. This idea has beew carried over to the
harduare system. Here the PCM encoder output can provide the digital
data read into the Nova for the receive side digital filtering. The 12-bit
A/D converter is then mot initially necessary for studying the

B of > of the systen the analog
filter ¥LT 3. The PCM encoder miy also he used to build up a totally
satisfactory picture of the stimulus PDF after the analog filter FLT 3. An
advantage of this approach is that the behaviour of the guantisation noise
is pot masked by decoder noise and imperfections, and it is useful in

studying quantisation noise phenomena as opposed to-test system performance.
The PCH system is detailed in Appendix A.

It hes been necessary to examine signal PLF's at various points in
simulations, and to compare the PDF's achieved with those required. It was
felt prefersble to plot curves of these PDF's for visual comparison, rather
than using (say) a numerical least squares error tecimigue for curve
matching. bs.many such curves were anticipated, the plotting procedure has
baen mechanised by interfacing a Hewlett-Packarad 7005 B analog X-¥ plotter
to the Nova. The dual D/h converters and interfacing clrcuitry are
detailed in Bppendix C.

2.7 3 Summary of the Ideas Defining the Simulator
This chapter has established the current performance requirem “s of a Qb

measurement set. The task of defining a test system to meet tusse

has been by firstly evaluating both the possible
approaches to QD measurement ~ time Gomain subtraction and frequency domain
subtraction, These detalled and explicit evaluations have not been
xeported in the present ;{terature, and they estahlish a formal philosophical
basis for OD measurement. On this basis, the decision to adopt the
domain has been The

curzently used in a frequency domein. spproach hes been evaluated, and an
a has been

It has been suggested

PR
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that an evaluatio. of this dual band injection technique is a necessary
step in the design of a QD measurement system, A proposed test system has
been ontlined in temms of cireuit function. The proposed system is largely
digital in nature and is inherently flexible enough to incorporate dual
band injection if required. It has been shown that analytic' evaluation of
OD measurement is not readily feasible. The use of a test set/PCM system
similator as a design tool and development aid has been proposed. The
hardware requirements to snable the simulatr to be used for aboratory OD
measurements on hardware PCM systems have been outlined.
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3 TEST SYSTEM SIMULATION

3.1 Software Description
This section outlines the software package written to allow simulation of
the various quantisation distortion test systems and o perform experimental

« SONR on Pl = The aim of this section is to

establish the purpose of each major program section, and so to define the
program design reguizements. Hence it will be sought to identify and
moxivate the mor< important progrem design decisions relating to structure;
st ik has alzo been felt mecessary cccasiomally to coument on pavametsy
valvies where decizjons have rested on approximate numerical results, Detailed
descriptions of software have not been given because many of t.3 programs are

written in a high-level 1 and of tiieza are given

in Appendices D and E.

34,1 Tag Twg Simulation Packages

an early, and dasign decision was the choice of

1 i The Nova system (DDPOS} supports two high
level languages, Fortran and Basic. Fortran has the advantage of execution :
speed, but has been as a poor devel t language for

this type of experimental system because of the need fox recompilation upon
any program modification. Fortwar kas the further disadvantage that it has
hitherto been a welatively complex matter to pass many varlable values to
the callable assembly language driver routines which interface to the
peripheral haxdware like the data converters. However, DDOS supports

a version of Basic modified to greatly ease development and use of callable
arivers, and this vewsion is called CSBASIC. Nevertheless, it was decided
to write the body of the simulation package in Fortran. The most compelling
motivation for this choice is program execution speed, but Fortran also
permits of large variable arrays so that yepresentations of sequences of
signal samples need not be artificially segmented as they would be in
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C5BASIC. Bnother compelling factor is that Basic does not readily allow
: multiple precision variable data (Extended Basic User's Manual, p2-1) and
. it will be seen particularly in Section 3.1.5 that some 64 bit Gata

: are an Alsa, 3]

seononiss of stoxage are possible by use of integer type data in Foxtrarn,
and the necessity for these economies will be seen in subsequent sections.
{ Suffice it to may in retrospect that the present simulation package would
. probably not have been possible if written in CSBASIC for the Nova.

4 : It has thus been necessary to alleviate the apparent difficulties of
using Fertran for this application, i.e. frequent recompilations and
complex callable driver interface. A further significant factor is the
Limit of 16 kilo-words of core storage on-the Nova available for the
present work. Bn unorthodox scheme bas been devised to effect the Fortraw

to peripheral hardware interface. This scheme is outlined in

Section 3.2.1, but it is emphasised that the scheme is conceptuvally and
operationally simple. 1t is alst reliable aud allows more variable values
to be passed than the conventional procedure, and So way be of more general
interest than the simulation package. The difficulties of recompilation
and severely limite® coxe have been handled Ly devising a suitable

structure for the pry am package. .
The simpletion package structuring corcept is shown in Fig. 14. The

simulation package is into progra the

functional Blocks of the test system. It he> Sometimes been convenient for

reasons of size to segment program sections wiihin a functional block, or
to {ntroduce segments as parts of the simulation protedure rather than of

the test system.

ALl such segments, however, have the structure shown in

Pig. 14; they operate as distinet progréms and will be called simply

on one ox more disk files ({as imput) and

produces
conslsts
The

- A program
(as output) one or more disk files. The simulation package
of u network of such programs, connected by disk file 'nodes’.
execution path through the network is controlled by the simulator

(human) opexrator. When a program has completed execution, the operator can

initiate

the execution of any prograw 'link' via DDOS.

This package structure has several nlear merits. The simulator may
be made extremely flexible in operation. Yet thexe is no need foxr tedious

in ordexr to eldcit

3. and answexr and

the operator's reguirements in respect of the many options.
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DISK DISK

FILE FILE (a)
INPUT OUTEUT

P Jam= O/O:
\Q‘ D—p—l:—.l-“ Q V

—-QO-3-0

Figure 14 {a) The Basic Element of Simmlation Package Structure
on the Nova Computer.

{b) Disk File Nodes and Program Link Structure.

The structurs also easures very dfstinct and logically defined program
modularity. Its merits in this régard must be compaved with those of a
structure having an executive prograw calling various subroutines. Fortran
subroutdnes under PPOY are separately compiled and assembled to the
relocatable binary stage. - The wain program and all subrontines must,
however, be linked togethex, Hence such a scheme would necessitate the
relinking of the whole package every time a programming modification were
made -- and this can be a ti The
in Fig. 14, however, requires only the relinking of that prograw module in
which the change was mads. Hence the tedium of re-compiling, assembling

ang linking a latge Fortyan progrem under devel tihas been 11y
: h
alleviated.
A further of the is that it builds a

virtual memory scheme into the programmng. This allows the large system
to Tun in 16 ki of core stoxage. ‘The ton package i
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: both éxtensive code as well as large variable arrays. The proposed
! structure ensures that cors is ccoupled at any one time only by those code
H segments which need to execute together. Similarly, variable arrays have
: been implemented which are larger than the core size. Small groups of
variable data are read from the input disk file, processed, and written to
tae output disk file. .

Tmplicit in the above df jon is an as to the m ts
; of progran execution speed. For the fully software simulations, clearly no
3 real-time requirement exists. For simulati in on
. hardware, however, there is one real-time program link. This is illustrated
¢ in Fig, 15.

PROGRAM LINK

e

‘\ STIMULUS SIGNAL

H OUTPUT INPUT
ROUTINE ROUTINE

i 1 : }
i D/3 a/D
- CONVERTER| | CONVERTER

. Figure 15 The Real-Time Trogram Link for Hardware
S Measurements
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The nature of this link 1s detailed in Section 3.2, Other than this
1in,  however, there are no real~time req ab initio.

Nevertheless, it has been found necessary to regard program execution time
as important. This importance arises because it has been found that a
single exeoution pass through a typical simulation may take up to some 15
houxs execution tiwe on the Nova, Pallure to appreciate t! magnitude of
computational effort involved in test system simulation would severely
restrict the usefulness of the simulator.

It should be. emphasised, howevexr, that similation execution times
of the order of hours Go not necessarily imply that such measurement times
would be fundamental to a test system developed using the simulator. The
speed of a completely developed tester is detexmined by its hardware and
fimmware structures. These could be dedicated structures. In order to
assess the minimum measurement processing time, it is necessaxy first to
speculate as to ‘these stzuctures, and this is done in Section 5.4.

Tt is necessary to examine wmore precisely the zole of the program
package in probable times. Firstly, it
might be expected that long execution times would arise with the proposed
structure due to the overhead of reading and writing many and large disk
files. Howevs:, it has been found that disk cverhead s an acceptably
swall portion of the execution time., The bulk of the execution time is, in
fact, absorbed by the three digital filter programs.  With just adequate
filter ordexr, each of these programs may run for over two hours.

a is that the st Ais much preferable here
to an program and -+ This Is because it is
inherently easy to re-use previously computsad partial results on successive
similations. Fox example, once a sampled test sequince has been stored in
a disk file, no is fox simulations to
examine varicus receive filters.

° another con “tuslon is that, for the initial and purely software
inulat it 2 1e to be a2ble o run these simulations
on a more powerfu. computer. It has been i that the 1

investigations, and even the development of a fester system would entail
yather more similations involving software oldy than those involving
hardware also. Hence, in oxder to extend tli: tisefulness of the simulation
package previously outlined for the Nova cow.i&r, the purely software
simulation facilities have been written ints a package designed to run on
an IpM 370/158 computer,




=

5€

The simulations will be referrad to as the Nova and IBM packages.
b representative simelation might run for over 15 hours on the Nova. The
equivalent IBM simnlation would run in just under 6 minutes processor time.
The IBM package aise gives slightly wmore precise numerical results.

In order to realise this speed Lenefit, and to take advantage of
the greater core storage available on the IBM 370, the IBM package
structure differs from that of ‘the Nova package. The dlsk files have been
eliminated, and the structure shown in Fig. 16 has heen nsed.

e

| rocray
/ e 1
suB- |
ARRAY OF //’
VARIABLES ROUTINE
REPRESENTING

SIGNAL SAMPLES

32 00C SAMPLES
MAXIMUM

/)
i

SUB-~
ROUTINE

Flgure 16 Elements of Simulatiop Package Structure
on the IBM 370

‘The idea has been tb have a single large array of signal samples
in core, and the entire array notionally remains in core for the entire
execition time. Each of the vardous program sections then operates on the

arxay in an *in-place’ fashi
processing. '

Because compilation and linking are no hurden ou the IBM 170, many
of the program sections have been included as subroutines. An effort has

leaving a array for s

been made to keep a direct coxxespondence batween Nova program '11’nks', and
284 The is sufficient, so’that the intention
i to outline the purpose and design of only the Nova phograms. Iistings
of both packages are given in Appendices D and E.
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The IBM package must run under the Of batch job Facility, because the

WITS system cannot pravide the

1y, the IBM

ng power.

simulator opsiator cannot conveniently execute the equivalent of a Nova
program link, then think, and select the next link to be executed. %his,
together with the more extensive use of subroutines, has led to the IsM
package being closer to the structure shown in Fig. 17.

PROGRAM ‘INIT*

DISK
ESTABLISHES el
SIMULATION
REQUIREMENTS .

e {STMULATIO!
RUNS UNDER ARAMETER!
THITS'.
FREE FORMAT
INPUT.
Figure ‘11

 mermegrs | STRUCTURE .

PROGRAM 'PSPEC"

FPERFORMS

SIMULATION.
EXECUTIVE AND
SUBROUTINE

RUNS UNDER'OS’.

FIXED FORMAT
INPUT/OUTPUT .

Operation of the Simulation Package

on the IBM 370

The software simulation rasults guoted in Chapter 4 were obtained
£rom the TBM package, (exoept where specifically noted). The IBM package
is relatively stralght— d, and its

subseguent dascription of the Nova package.

3.1.2

established.

will be from the

Software Modules in the Nova Package

Fiqure 18 shows an outline of the Nova softvare. This serves to define
progran and disk £ile names and links, and will be referenced frequently in
the xemaindér of this chapter wheve the purpose and design of each will be

" -




PDATA RQEPROB GDATA  INITGOND
" PROBSPEC @ ALICUT -

FLIO
° —| FLTS po— RNGBN
FLTDZ BUTTER
z

PLID20,
PLOT

O.-.. PLOTP __.____.__. DUAL

- // PCM
DECODER
SMBLSY 1]
somm - 3 V(T
SLVL
FL?D1®_<___._‘\‘ FLIRS

FLID20
O

A = ASCIY B = BINARY FILE
Figure 18 Nova Software Skeleton

The type of Qatu representation in each disk file is indicated in
Fig. 18, The policy has been to store data in ASCII form wherever it is
possible that the simulator operator may wish to examine or edit the file.
¢ype ASCIX files may be examined vias the DDOS COPY compand, Similarly,
ly made via the DDOS edit facilities.
Sequenses of signal samples are unlikely to be meaningful to the operator,

minor modif: may be

and as these are extensive, they have been stored on disk in binary form.

W
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The storage saving is substantial; a single precision real variable
xequires four (B-bit) bytes in binary form and (say; 16 bytes in ASCII
form,

Even with the use of binary input/output, all the software outlined
in ¥ig. 18 cannot be accommodated on one user disk. 'The structure allows
that segmentation of the basic software skeleton onto several user disks
may be done at any convenient nodes. The (DDOS) systems disk is nearly
f£illed by DDOS“Files, but may be used to connect two user disks. The disk
file node common to the two user disks is created on the systems disk. In
order not to unduly constrain the number and extent of the common user
files on the systems disk, a few unrequired DDOS files vere removed from
,the systems dlsk.

3.1.2.1 A Flexible Program to Ald Specification

of Arbitrary PPF's: PROBSPEC
The pseudo-random noise source has been in the simulat: in

such a way as to allow operation with a large number of random variates (up

to 1024 initially). The necessity for such apparently precise noise

is examined in Section 3.1.2.3. In setfing up the noise source, it is
necessary 1o specify the relative frequency with which each variate is
required to occir. This is the target or required probability distribution.
It is desirable to obviate the tedium of specifying each point in the

target distxibution via keyboard irput/output (I/0), but it is undesirable

for the speeificstion mechanism to constzain the xange of target disteibutions.

# program called PROBSPEC has been written to meet these requirements.
The operator may specify the mumber of points, up to a value of 101, that
he wishes to explicitly specify on the taget distribution. He then entess
the co-ordinates of these explicit points, and the number of random

Lat forns an picture of the target
distribution by ing jht 1ine o connect the
specified points, The target probabilities of the random variates are com-
puted, and written to the disk file RQPROB.

The initial data for target distributions come from published curves
of speech PDF, and these are contimuous. These curves way thus be samplzd
graphically at dent, and not 1y equidistant, values of
abscissa; and the data entered to PROSPEC. Any measurement umits are
suitable as only the shape of the distribution is to be specified.

The sum of the computed target probabilities is expected to be unity.
an feature the simulation is the use of normalised
integer representations of fractional probabilities. Integer magnitudes
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are Tepresented on the Nova by 15 bits, and integers may thus have values

up to 3 The fractional probabilities are mapped into the representable
intege. wugh maltiplication by 32768. Hence the sum of normalised
propabj” s in the computed target distribution should be 32768, and this

is necessary for the proper operation of the subsequent program ALICUT.

Emall numerical errors arise in the gomputation and normalisation of
the target distribution. ' 'The value of this error is indicated to the
operator, asd he may elect to allow an algorithm to restore the target
normalised distribution sum to the This algovithn adjusts
the target probability of each vandom varsate by an integer value of three,

with low valued and’ until the
resjdual error is less than three. The residual error is brought to zero
by an appropriate final adjustment, and the target distribution written to
RQPROB. Alternatively, the operator may elect to coxrect the error by
editing the disk file XQPROB under DDOS.

The co-ordinates of the points on the target distribution which were
explicitly operator specified are stored in disk File PDATA. Local
adjustments to the target distribution may be made easily by editing PDATA,
ana this file may be used to specify the target distribution when PROBSPEC
is ron subsequently.

There are two obvious methods by which the speech-like distributions
These are outlined in Fig. 19.

value,

1at

may be generated using Walker's technigues.

TARGET TARGET

PROBABILITY PROBABILITY
'
t
]
1
1
¥

IDOM RBNDOM
+ % A S o
o N/2 N VARIATE 6 N'/Z VARIATE

{a) Asymmetry possible,
offset subtracted from
generated sequence.

(b) Symmetry assumed,
sign bit generated
independently.

Figure 19




&2

It is no significant limitation to assume the target distribution
to be cal for 1td and amplitudes, It has been found
[ i . advantageous in the similator to use the method of independent eguiprobable
sign bit generation, as is possible because the Markov source is of order

zero. The advantages are that it is necessary to compute and store only

B half the numbex of faxget probabilities and alias and cut-off values for

: the pseudo-random source. Only the positive half of the distribution need
be indicated to PROBSPEC. -

£ It has been found most dent im to the

i total number of random variates required (N} to values equal to powers of
two. This corresponds to noise source wordlengths of integral numbers of
bits, and would most likely be convenient for ultimate microprocessor
implesentation anyway. Wordlengths frem two to 10 bits have been catered

fox.

3.1.2.2 3 Program to Configure the Noise Source to
Produce A Specified Distribution: ALICUT

onc': the target distvibution has been specified, it is necessaxy to set
up the flexible naise source so that its output PDF will tend towards this
distribution. The& setting up operation for Walker's technigue is to
compute so-called alias and cut-off values. The generation of the noise
source output is thep dependent upon the internal generation of two

1 ] uniformly Qistributed and mutually uncorrelated pseudo-rasdom sequences,

: : denoted by U and X say. With each possible value of X iz associated an
alias value A(X) and a cut-off value C(X). An element in the noise source

o output sequence, ¥, , is generated as follows. > random pair (xk; Uk) is
drayn from the wniform distributions.
M I£f U 5,0{X) then the noise source output

k =
IE Uk > c(xky then the noise source instead

’ . outputs alias of ¥, navely Yk=n'(:tk). o 4
2 ; The program ALICUT i3 an impl of the algorithm to compute
allas and cut-off values for the noise source, {(Walkex, 1974 and 1977). A
notable new feature of the implementation written in the present work is
that it uses integer arithmetic, The target distribution is entered as

3 integer data, as previously noted. The algorithm uses integer arithmetic, -
and this obviates the numerical precision effects to which floating point

versions are susceptible. The use of integer arithmetic also gives a
ial in time: 35 minutes for floating point
versus 10 minutes for integer, for a 512 point example.
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x The cut-off values, having been computed by integer arithmetic, are
in normalised integer form. The use here of integer cut~off values does
not introduce any errors in the operation of the noise source. This is
because the random value to which the cut-off value is compared, is
generated by. an integer mechanism and has an inherent quantisation egual to
that of the cut-off value. "

The allas and cut-off values camputed are stored in Glsk file RNGDATA.

3.1.2.3 A Program to Generate Pssudo-Random Sequences with
Pyeseribed Distribution: RNGEN

The program RNGEN is a software model of a pseudo-rangom noise generatox

based on Walker's of similar have
H * been de.eloped -and interfaced to the Nova, However, the haxdware versions
are rigidly limited in the mumber of random variates which can be generated.
Present hardware has an B-bit cutput word, and can produce distxibutions of
up to 256 variates. The speed cf the har@ware versions is of little impez-
tance here, because the digitel filtering cannot be done in real-time with
the facilities available. Also, a softw..: generator is mandatory for
simulation studies done via the IBM ks The of the
model is more readily appreciated because all the routines are written in
Fortran, but in any case it has been desirable to keep the Wova and IBM

i packages as similar as possible,

It was felt necessary to provida the facility to generate distributions
with large numbers of random variates. The main basis for this was the
assumption that the PDF of the filtered sigmal could be adjusted by
: adjusting the PDF of the signal into the filter, as described im Section

2.3.2. The assumption is known to hold in the spacial theoretical cases of
] single and noise, for linéar networks. It has
i been found 1ly that the does not hold for other
! cases, as is described in Section 4,1. 2Based on the above assumption, the
. design idea was to provide for very locallised adjustment of the distribution
generated for filtering, and this necessitated many variates.

A further factor motivating the investigation of test systems with

1y iate noise is the that effects in

the filtered stimulus be negligible with respect to those in the digital to
analog the analog This arises
when budgeting system errors to mest the test set back-to-back SNR

specification. If virtually the whole system erxor power is allocated to
the data , then y realisable peed wtion
products ave arrived at, as is shown in Chapter 4. BAs allowable error

i
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pover is allocated to (say) quantisation of the filtered stimulus, however,
the converter requirements are pushed expensively closer to the present
Hence the send Gigital filter samples
must appear to have been drawn from a coptinvam. It is clear for simple
digital filters that the set of output sample values is constrained by the
fiitex algorithm but also by the set of input sample values. While the
guantitative iwportance r this effect can be éxpected to decrease rapidly
with increasing filter order, it has been felt necessary to confirxm this
quantitatively as the test system specifications are severe. It will be
seen in Chapter 4 that these effects are to an extent overshadowed by the
experinental discovexies of Section 4.1.

B feature of this noise source model 1s that it is necessary to

specify the number of noise samples required, as well as the value of &
"skip® parameter, The model has, Of course, a characteristic pseudo-random
sequence. The program always starts generation from the saps point in this
sequence. It is possible, by suitable specification of the skip
value, to apply to the Elter a block of aolse
samples drawn from the characteristic sequence buk starting at any point
within the sequence. For a skip paremeter value of N, the First N sapples
generated by the noise source are discarded, and are not presented to the
filter.

Two undform distribution noise 'sources are reguired within the wodel
‘to geserate the prescribed distribution, (Walker, 1974 and 1977). It vas
decided to program these uniform distribution sources Ln Fortran and to
base them on the mixed congruential method, (newis, 1975, pp 5-6). The two
uniformly distributed sources are as the BRGSUB1
and RNGSUB2 called by RNGEN. For reasons of ultimate hardware system
3mpl it is to have in the simplation noise souxce
aigorithms which are known and characterised precisely, and which can be
repeated exactly on a variety of havdware systems. Hence it has been
preferable not to draw ypon vendor supplied
routines. Linear feedback shift register (FSR) sources were considered,

but these are not convenient fo modei in Fortrad and in uncompllc.ted form

show’ patches of high local lation in the (Bartley,
1975), It s felt that a FSR source would not.be significantly casier to
implement in a tical test system developed aleng the Lines.

It hag been convenient to rapsesent the outputs of the uniformly
distributed noise sources as dinteger data. For the puxpese of initial
investigation, the noise samples are computed by medulo-{2*«15) arithmetic,
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and form a sequence of iength 32768, It is noted that where the modulo-
(2»#m) remaindering is done by overflow of an m-bit registex, there will be
at best Z«km random variates. It is desirable to preserve the uniformity
of this distribution when mapping the sub-generator output to select a
£inal variate to be output or aliased. The mapping is facilitated if the
number of variates in the target distribution is also equal to a powsr of
two, and hence the conciraint introduced in Section 3.1.2.1.

The use of short (15-bit) wordlengths in-the uniform distribution
sources makes it imperative that the constants be carefully selected. The
aim has been to minimise, in some general sense, the auto-correlation of
each of the a have been used for

.the two uniform @istxibution sources in the hope that the cross-correlaticn
of the two sequences will be insignificant. Selection of the algorithms
has been approached on the following basis. Consider the sequence of
samples ¥, generated by the mixcd congruential algorithm

X =AX , +C  (wd N

Greenberger (1961, p 383) has shown that if C is set to zero to give
a e 1 then the maximum sequence length
cbtainable is N/4. In the present work this represents a stimulus pericd
of only one second, assuming a nolse source sampling frequency of about
BKkBz, as motivated in Section 5.6. The intention has been to determine the

timulus pexdod by ng the of
measured SQNR with increasing stimilus period. It was felt that a four
second period would be just adequate; and hence the mixed congruential was

lected over the e for this reason, rather than because of
'superstitions that these differ significantly in their statistical
properties’ (quote Coveyou and Mac Pherson, 1967, p 101).

Greenberger {1961, p 383} has shown that in order to ensure that the

sequence Las maximal length §, it is necessary only that :
" for N equal to a power of two (32768 here),

C should be odd

and A = 1 {mod 4).

Within these definite requirements there is still considerable freedom
of choice of constants. Greenberger (p 384) has suggested that we are
still a ¢ distance’ from how this cholce may be
best exercised to minimise, say, serdal correlation of the generated

He has on grounds that A be of order NY,

Greenbexger has derived a significant correction texrm to Coveyou's
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approximate relation for the serial corvelation cosfficient with a lag of
one sample perdod, but has assumed N to be on order (10#x9). This
formulation may be extended for other lags, but has not bien used here as
each analytic computation must be tackled as a new particular solution.

Coveyou and Mac Pherson (1967) have used Fourier techniques to pregict
the statistical performance of these sources, but.have considered explicitly
only wuch larger wordlengths, They have suggested that A should not be
close®o a simple rational multiple of NY, and have cautioned against short
wordlengths like that used on the IEM 360. They have also suggested that
the multiplier A should not be chosen with-few ones in the binary represen-
tation in order to facilitate shift-and-add implementations.

Graham (1877) in a more recent but less formal publication has given
guidelines adopted in the present work. These ave that :

A=5 (wod 8},
and A should exhibit no simple pattern in the bisary representation.

C should be odd and near N¥(1-1//3)/2. The constants have been chosen to
comply with these rules, and-the 1 of the

has been agsumed to be adequate.. Statistical tests have not been done to
confirm this.

The sign bit of a somple leaving the overall noise source model has
been generated by taking the unused most. significant bit of the 16-bit
word in RENDU. No 1 effects have heen observed
~xperimentally.

3.1.2.4  The Dizital Filters

The purpose of this section is to examine the scnd, noise and signal level
digital filtering facilities which have been built into the simulation
package. These filters are shown in Fig. 1B as the programs FLIS, FLTRN,
and FLIRS y, It is enphasised that the £ilter schemes to be
Gizcussed ave in a form suited to initial experimental determination of
tester Gesign requirements, rathex than having pretensions to suitability
in a practical test system design.

The £ilter requivements of the ‘simulator may be very varied. The

band-edge’ frequencies of any of the filters may need to be set arbitxarily.
Filters with widely Gifferent crders {mumbers of poles) may be required.

In order to establish what order of filter could be expected in typical
Stwulations, it was necessary to perform an approxiuate analysis of a
repressntative test sltuation. This dnalysis bas been done with the
assumption of £ilter amplifude responses which are stepped, so that a
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£ilter may be by its band-edg and an average
lower and upper stop-band attenvation. This tedlous analysis will not be
; Getailed because the simulator is now available as a much more precise
analytic tool. However, an lmportant result of this analysis is that
average stop-band attenuations of over 80dB were to be anticipated. ‘This
is & severe requizement, and arises mainly because of the assumed 12-bit
data converte. . ~wolutions. - It has thus been decided ‘to provide in the
stmulator £iltexs ~i*h tp to 40 poles, but this may be resdily sxtended if
requirad.

The gimulator ayohem design idea has been to alliow the operator
to easily ‘plug-in' a £ilter module of the order he requires, and to
specify its band-edge frequencies, Because many different digital filters
may be required in simulations, it has been necessary to incorporste in the

simulation package programs to automatically design and synthesise these

filters. The key to the implementation of this scheme of programmed design

and realisation is the recognition that all the necessary flitering may be
k performed by bandpass filters. Some steps in the provision of a filter are
E outlined in Figura 20.

PROGRAM BUTTER DISK FILES

OPERATOR SPECIFIES
{a) filter order
| (b} band-edge —
frequencies
{¢} sampling
Erequency

computes filter
coeificients, .
and stores these
in disk files

U

T

OPERATOR INITIATES
EXECUTION of FLTS
or of FLTRS or FLT!
specifying which
cdoefficient file

v

PROGRAM FLTS

or PLTRS or FLTRN
£ilters seguence
of samples

FLTDL to be used

O Frs020

PROGRAM RESP
conputes filter

1 amplitude response
for plotting or to
H be printed

Figure 20 Design and Implementation of Bandpass Digital Filters
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It has been felt umnevessary to limit the digital filters in the test
system to non-zecursive typés. The use of rscursive types has, of course,
the agvantage that the zeros allow a desired fregquency response to be

with fewex then wonld be necessary if only poles were
: used {Gold and Rader, 1967). A non-~linear phase response is of no
conseguence in the cases of the receive side filters FLTRN and FITRS,
because o1 ‘v the powers of the Ziltersd signals are computed. ' It has been
i felt that a send £ilter with linear phase is unlikely to be significantly
i in a test with speech-like PUF. This
opinion hes not been proved by formal analysis, however. The non-
availahility of anslytic techniques to handle tiils general problem is
? « 8iscussed in Section S5.1.

It way be desired to £ilter a signal seguence by the repeated
operation of a filtsring zlgorithm, fThis is readily feasible within the
present structure because £ilter input.and output sequences are stored in
separate disk files. an implication is that it 1s reasonable, although
poszibly cautious, to avoid £ilters with vipple of the amplitude response
within the passhixd. Consequently, and to start a library of filter
algorithms, the program to compute £ilter coefficients glves only Butter-
woxth type filter The of this BUTTER, {8
cutlined in Figure Z1. 1

‘fhe programs to design and implement the digital filters wers written
Py the present author specifically for the sisulators. These programs are, N
h however, distinct modules which are readily usable for general purposes i
# outside of the present work. Very lithle knowledge of digital Eilteming
i detatls is required in order £o specify and implement £ilfering uslng these ;
prograng.

The Jowp: for avalog £iltars is well~
kaown, The bi-~linear transformation is also & well-established technigque.
The use of the bi-linear transforp design technique nay be seen ag almost
mandatory in the present application, because the noise measuring filtexr
must be definitely broadband (Kalser, 1972). BALL the filtexs to be
designed are required to have £lat response within the passhand. Hence the
frequency 'warping’ aspect of the bi-linear transfoxrmation requires only
‘that the protatype analog cut-off be ped in
fashion, but the effect ls otheryise an advantage heve. No furthex

H attention has been paid to aliasing effects,
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It has been felt unnecessary to Limit the digital filters in the test
system to non-recursive types. The use of recursive types has, of course,
the advantage that the zeros allow a desired frequency response to be

with fewer than wonld be necessary if only poles were
used (Gold and Rader, 1967}. A non-linear phase response is of mo
consequence in the cases of the receive side filters FUIRN and FLTRS,
because only the powers of the filtered signals are computed. It has been
felt that a send filter with linesr phase is unlikely to be significantly
advantageous in generatin~ 2 test stimilus with spsech-~like PDF. This

opinion has not been prov. by formal analysis, however. The non—
availability of analytic tesbuiques to handle this general problem is
discussed in Section 5.1,

It may be desired to fiiver a signal sequence by the repeated
operation of a filtering algorithm. This is readily feasible within the
present structure because fiiter input and output seyuences are stored in
separate disk files. An implication is that it is reasonable, although
possibly cautious, to avoid filters with ripple of the amplitude Xesponse
within the passband., Consequently, and to start 3 library of filter
algoxithms, the program to compute filter coefficients gives only Butter-
worth type filter The of this % "BUTTER, 1s
outlined in Figure 21,

The programs to design and implement the digital filters were written

by the present suthor 1ly for the.simulators. These axe,
however, distinct modules which are resdily usable for general purposes
ocutside of the present work. Very little knowledge of digital £iltering
details i& required in order to specify and implement filtering using these
prograns.

The lowpass—te for analog filters is well-
known. The bi-iinear tvansformation is also a well~established techuique.
The use of the bi~linear transform design technigque may be seen as almost
mandatory in the present application, because ‘the noise measuxing £ilter
must be definitely broadband (Kalser. 1972). All the f£iltexs to be
designed are required to have flai response within the passband. Hence the
freguency ‘warping’ aspect of the bi~linear transformation yequires only
that the prototype analog cutw-off be p ped in
fashian, but the effect is otherwise an advantage here. No further

aviantion has heen pald to aliasing effects.
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BUTTERWORTH LOW-PAS. TO BI-LINEAR
Analog low-pass BAND-PASS TRANSFORM

prototype FLTA, TRANSFORM
N poles
DISITAL
BAND-PASS FILTER
2N poles
Fiqure 21 Filter Coefficient Caleulation in Program BUTTER
The D and the bi-linear transformation

have been implemented in BUTTER as a single sat of calculations.

This is based on the analytic formilations of Stanley (1975, pp 194-198),
with the extensions detnlled in I;ppemh‘x F. ' However, the operation of
BUITER must be clarified by the illustration of Figure 22.

The effect of the on’an Y complex conjugate
pole paix has beeii formulsted algebrulcally and is detailed in Appendix F.
The validity of the tion and schene is y

obvious, hut no formal proof can be cited to show By = By By.Heeos The
program RESP may be run to ¢aleulate the Ixequency response of any filtex
Gesigned via BUTTER, and this response may also he plotked (with ordinate
in Gecibel form) as reguived.

the programs FLI5, FLTRN, and FLTRS may be used to implement any

filter designed using BUITER., The form of impl is the
saction form shown in Figure 22. Naturally, each of the cascaded sections
has only fouxr poles. Each section h,sa been realised directly from the
impulse transfur funcuon. Various other realisation forms are given in
the literature, ulj the form used appeamws to suffice here,
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BUTTERWORTH DICOMPOSTITOR TO COMPLEX CONJUGATE POLE PAIRS
PROTOTYRE )

LOW-PASS 1
TMELICIT l l J

i
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ASSDME By (o) = T, (6
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Pigure 22 Transform Procedure using Pole Pairs in Program BULTER

Double precision axithmetic has been used throughout #ll the £ilter
programs. .This gives a B4-bit representation of a floating point datum.
The simulator itself may be used to readily demonstrate that single
precision arithmetic is inadequate here,

It may be expected that simulations will invelve precise power
measurements ‘and fairly high order filters (40 poles is not unreasonable
for the send £ilter). Consequently, account has been taken.of the step

xesponse times of the f£ilters; all signals have been assumed to be periodic ~

with period equal to that of the test stimulus. When a block of signal
saipled 15 to be filtered, the last (in time) 1000 samples of the block are
£irst passed through the £ilter to set the filter 'initial conditions'
prior to filtering the block of samples itself. The adegquacy of this 1000
sample tail’ in allowing £ilter transients to decay has been confimmed by
repeating xepresentative simulations of Section 4.2 using an 8000 sample
tail. The SQNR meéasurements are not changed by this longer tail.

The digital filtering modules included in the simulation package are
very easy for the non-specialist to use, and may thus be of wider interest
than test systém design. Fox more refined test system design,’ however, an




(type II} C would be to the
pecification of the Jowpass
order is presently limited to even ordexr only, but this has not been a
significant limitation.
In simulations it may be required to plot the probability distribution

of the signal befors and after filtering. It has been convenisnt to provide
i only the facility to plot the probability distribution of the filtered
: signal, this being of greater interest. The pFobability distribution of

the pseudo-random noise prior to filtering may be plotted via the same
mechanisn by using the all-pass 'filter' FILTO.

. 3.1.2.5 Programs to Simulate a Linear Digital'to Asalog
Converter (QUANTO) . Cmpanding PCM Bncoder

{IDLPCH) and a Ccm@d}ng Dacoder (CONVERT)

The program QUANTO several these are the
absolute numerical scaling and quantisation of the test sequence, the
accumulation of probability distxibution values of the filtered stimulus,
and the generation of disk files to test the B system and to plot the
probability distribution. This section seeks to outline the aims of these
operations, and how they rulate to the programs IDLECH and CONVERT.

The program QUANTO reads the output of the send filter from Eile FLTO.

These are single precision real data. The data must scaled and quantised

to give the particular required stimulus level with the required D/A

converter vesolution. The D/A may be 2 unit actually interfaced to the i
i Nava, such as the 12-bit unit described in Appendix B, and used with &
hardware PCM system. A + purely s imulations require
the quantisation effect of a D/A converter to be simulated, and this may
also be done by QUANTO. These latter simulations are pecformed ‘with a
software simulation of a PCN codec, as implemented in the /rograms IDLECH
and CONVERT. The idea has been to perform all the scaling operations in
real arithoetic, and to guantise the D/A converter signal to the required

integers only at the £inal stage.

For a specified D/A converter resolution, the peak stimulus value may
be caloulated. The operator may specify how far down on this peak value
the test stimulus is to be. Variations of this specificaticn are

i
H

equivelent to using a 'digital’ , as the
befare the D/A converter. In order to allow investigation of the trade-off
i
- - ~between digital and analog and D/A the

program IDEPCM allows an equivalent analog attenuator to be set. For the
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rest, IDLPCH is a straight-forward software model of a ramp type encoder

based on the COMDAC »/a used in the »ou
systen.

The COMDAC companding D/ used in the haxdware BCM system and modelled
in Yoreck, iupl a n to the W-255 companding

law. This implementation has been svailable as the DAC-76 integrated
circuit since the outset of the present work, While an A~law compander is

" anticipated in telephone PCM systems in South Africa, the [H-law hardware
provides a preferred basis for more general instrumentation (Hanvahan,
1978). Dpifferences between A~law and y-law SQNR characteristics are not
important in the present work.

. Some numerical scaling is required to match the QUANTO D/A converter
output range into the IDLPCM simulated encoder input range. This is done
using type real arithmetic. The output of the simulated encoder is in the
same binary form as that of the actual PCM system and is written o the
same disk file called DATA.

After the stimuius sequence has been scaled to give the required RMS
level, the program QUANTO guantises the sequence to integer valves. It is
then necessary to explicitly clip the signal peaks to the extreme values
of the D/A converter range, as overflow beyond the D/A converter woxdlength
may result in incorrsct operation. In the case where the hardware D/a
converter is to be used, the hipolar integer signal is level shifted to be
within the range 0 to 4095, as the offset is subtyacted in the analog
circuitry. The output segquence is then written to the disk file YEST, and
this will @iffer in form depending on whether a hardware of softwace PCM
encoder is to be used. The probability distxibution Of the output sequence
1 written to the disk file PLOT and may be plotted from there as required.
The form which TEST has for a hardware POM encoder, and that which PIOT has
for application to the plotter D/A converters, is clarified in the next
section. The operator may specify the number of points required in the
probability distritmtion, and this must mot be greater than the muuber of
output levels possible within the specified stimmlus D/A conversion.

The program CONVERT is a model of a PCM decoder based rn the COMDAC

o/a used in the The use of the software
decoder is recommended for quantisation noise studies, whether the hardware

or software encoder is used, unless decoder imperfection effects ave
specifically required...An ideal decoding formula has been published for
the COMDAC, .and this has simply’ been used.
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‘For more tmulations with the IBM package, &
Facility has been created to model the Linear A/D converter separately, as
opposed to lumping its noise coptribution with that of the linear D/A

converter. The linear A/U converter and its preceding analog attenuator
are modelled in the program ADCON. This facility does not exist in the
Nova package, because Nova based studies would sensibly use the 12-bit
hardware A/D convertez.

3.2 Software - Hardwave Interaction

3.2.1 The Fortran/Hardware Intexface

. The aim bas been to.perform the signal processing off-line apd by high

level language programs whexrever there is mo compalling real-time
requirement. Wheze hardware tests are to he done, however, it is
essential to generate the amelog test stimulus in real-time. Altheugh not
an tial it has been ient to record the guantised
output of the PCM system in real-time, i.e. withir one stimulus period.

The various 1s have to the Nova (as detailed
in Bppendices A, B, ¢) und these are controlled by 1
routines. The interaction between the and the

language routines may only be seen in the detailed terms of Appendices A-D.
‘The purpose of this section is to establish the ideas which led to the

design of the Fortran/: 1 i

It is required here to pass data from a Fortran program to an assembly
language routine, and then to pass data frow an assembly language routine
to & Fortvan program. These data correspond to variable values within the
Fortren program. A conventional procedure exists to effect these transfers,
and this is described in the DPOS 1.6 Programuer's Refexence Mamaal (1974).
The i 1 is not for applicati such as the
present one, &s is detalled later. An alternative scheme has been Gevised
to meat the present regquirements.

Let us ider the of the test The valvec of
the test have been at the end of the program
QUANTO. It is required that the D/A convecter assembly language driver
routine should output this sequence in veal-time. While it is requived
that the driver roustine should xun in real-time, it is emphasised that it

is not necessary that the Fortran to driver data transfer be done in real~"+ -

tize. It is not Aesirsble to incorporate in the driver routine computational
procedures to be performed on the stimulus The scheme impl ted

is outlined in Figure 23.
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SQUANTO DISK FILE ZEST
a) Computes fully 3PROGRAM TO TEST
the srimulus 3PCH ENCODERS
sequence FORTRAR =i .RDX 10
b) Writes header WRITE «PNTR:ENTR

to file TEST SIZE:13000
c) Writes stimulus LEORY,, . 123

sequence values | WA, | 253

to £ile TEST 254

IESTP
Assenbly language LRDX 8
driver routine. START; 8TA3,BASE
Operator appends BDOS .
this file ro file CoPY H
TEST just previously
written by QUANIO, JEND START
using DDOS command
COPY(TESTP,A=TEST)

Disk £ile TEST is built up as shown above.

The file TEST is then regarded as a normal assembly
ianguage program, and is assembled sud rum via DDOS
T

Pigure 23 Transfer of a Data Block from FORTRAN to

Assenbly Driver,

It is felt that the scheme above addvesses the present reguirements

1 {Dec?

better than the more

A major ge of

this scheme is that it allows the longest possible test sequedces to be

used. The Fortran program is not requixed at the driver xun time, and

ccouples no core here.
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Alse, the scheme is woxe compatible with the simulation package
structure in that it is development orientated. Hardware development
is likely to involve the creation of new driver routines. The development
of a new driver is very greatly facilitated in that is reguires only
familiarity with Nova 1 ny. The
approach Qemands a detalled understanding of the internal Fortran array
handling subroutines and of the calling and receiving sequences. These
procedures are complicated here by: the inescapable need to pass the data
as an arxray rather than a list of variables, and are detailed in tk»
'Fortran Run Time User's Mamual 093-000068° {4575). The proposed scheme
is so simple that debugging the driver would require virtvally no
attention to be paid to the Fortran/drive. interface.

Furthermore, the addition of a new driver does not necessitate
recompilation, assembly and linking of the Fortran program, as would be

by the I When & range of drivers has been

built up, execution of the xequired driver may be .selectively initisted in
a similax manner to that used for other programs in the package.

the necessity to aspewble and link the driver each time for new

sequence data might possibly be seen as a disadvantage of the proposed
scheme. If this is felt o be significapt, the sequence data may be
written to the disk file i- binary form so that these may be superimposed
on an 'old’ driver already in core image format. fThis involves loading.
flrst the 'old' driver program, then the seguence data. Assembly of the
driver would only be necessary if the sequetice length were changed. Such
a change would involve several hours of processing and the driver

re-assembly time would be insignificant. The need for the Fortyan program i

to write the test sequence to a disk file cannot be avoided for reasonable
length sequences, and is independent of the Fortran/assembler interface
used. This arises because QUANTO must accept the sequence as type veal
data, and must write the processed signal to some or other disk file as
only 16 kilowords of core store are available. Hence if the conventional
Fortran/assembler interface were used, it could not be incorporated in
QUANTO.

The proposed interface schems has been used also to pass data to
the ¥-Y plotter driver. It has often heen adventageous to keep on a
separate uger disk the linked 4 of ticular driver

- and data, Hence if a particulax plot is required again, for comparison

« N LA > e




75

purposes or to a dlfferent scale, the linked version if simply yun

again, Similarly, the various test seguences developed are kept in
this compact but complete form, and no other disk files on the send
side need be retained. It is almost mandatory to retain the various

test sequences developed, because each - al
3.2.2 Assenbly ) & Programs
The aim of this section is to outline the &1 of two e

assenbly language callable driver routines. fthe routines are called
TESTP and PLOTP, and extensively compented listings of these are given in
Bppemdix D, with ‘the details' in Appendices

. A, B, C. The routine TESTP upplies a test stimulus to'the 12-bit D/A
converter, and stores the quantised output of the PCM encoder A. The

zoutine PIOTP sends co-ordimate pair values to the dual 10-bit D/A
convertexs, and may be used to plot probability distributions on the
B-P 70058 analog X-Y plotter.

On recedving prograwn’ control from DDOS, TESTP must first store the

PROS system table base address passed to it'for later use. The situation -

then s that the sample values to be output are stored in a contiguous
block of core. TESTP sets the PCM system mode required. When TESTP
has synchronised £o the PCM system sampling clock, it begins to output
the test stiwmnlus'and input the encoded signal. These data transfers
are done in synchronisw to the PCM system sampling clock throughout.
The initial synchronism is established precisely by checking for a change
in the PCM system BUSY and DONE flags rather than the level of one of
these flags.

The operation is as follows. A stimulus sample is loaded into
aceumylatox ACC 1 from 2 location in the contiguous block. The sample
is then output to the D/A convertexr, where the analeg output is allowed
to. settle. Some time later, the PCHM system starts encoding the sample
from the b/A when this 1is 1 TESTP
inputs the encoded sample. The encoded sample is then stored in the
core location from which the stimulus sample value wae taken at the

of this 't The is at the PCM

sampling rate, for locatd in the block of
samples, until every stimulus sample in the block has been replaced by

its encoded version.
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The block of enceded samples 18 then transferred from core to a disk
file called DATA, This tvansfer is simply effected by the driver calling
the primitive function 0.IMG which.is part of DDOS. Program control is
then retwmed to DDOS via a call i the DbOS primitive function D.HOM,
These primitive functions are loaded by a DDOS driver, but the system table
base address is required for the calls. fThe procedures for calling
primitive functions are detailed in the DDOS 1.6 Programmer's Reference
Manual 86-0140050~4 (1974).. It is noted that TESTP assumes that the DDOS
core resident area has not been overwritten when TESP is loaded. Hence
test sequence length must be kept below some 14000 samples for hardware
tests.

The routine PLOTP ip based on the same programming ideas as TESTP,
Only the Y-values are parsed to the routine, and these are plotted at
equidistant abscissa values. A simple scaling scheme in QUANTO caleulates
the zoquired abscissa increment so the number of points to be plotted may
be varied. The routine PLOIP finally plots polnts on the X and Y axes
indicating one tenth divisions of the ranges.

3.3 3 Sunmary bescription of Test System Software

In Chapter 2 the need for a tost system simulator and some test set

haxdware was established. In Chapter 3, the move detailed requirements of

each functicnal block of the stmulator have been established. The

requirements for each functional block have been considered in-the context

of the i “These consi ‘have defined: composite
ts which each block has been designed to meet.

Desexiptions have been given of a simulation package structure which meets
the pwesent needs, and the program medule designhs have been described.

It ras been shown that two simulation packages are useful in the
present work. Both packages are written in Fortran, but they are designed
to te on The Nova package provides the basis for
future test set hardware studles. The IBM 370 based package allows test
set design principles to be rapldly sstablished, and has been used for the
mimnlation studies described in Chapter 4.

. The software descyibed in Chapter 3 hus given rise to some products

which may be of interest outside of QD measurement. ‘The file program
fetwork structure of the Nova package exemplifies a solution to the general
problem of accommodating large programs or dita arrays-on a relatively

L
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modest computer. The digital filterihg programs are flexible and easy to
use. The ¥ortran/assembler intexface is novel, and is an attractive
solution to a class of commonly occuring problems not addressed by the
1 Fortran,
The use of the simulater to Bome. 1-ideas of QD

neasurement is reported in Chapter 4. The simulator has been found
particularly valusble in that its use has resulted in the experimental

discovery of a most important fundamental aspect of QD measurement by non-

Gaussian stimuli. The discovery is reported in Chapter 4, and its-
significance is discussed in Chapter 5.
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4  TEST SYSTEM SIMULATTONS DBERFORMED

The purpose of this chapter is to outline some initial simulations
perforued using the simnlator described in Chapter 3. These initial

dmulations are to ‘the ease with which precise
quantitative results may be obtained using the similator, and hence to
suggest the usefulness of the simulator in further work in this area. No
attempt has been made to y exploit the potential of the
sinulator,

Maiy of the initial simulations have been done using the IEM package.
Most PDF's have been plotted on 4 haxd-copy terminal with software based on
‘the GRAPH(LIB) program extant on the WITS systew. Some plot secaling and
formatting routines have been written into the IBM simulation package, so
only small modifications have had to be made to GRAPH.

4.1 probability Digtr’bution Modelling
Experiments were conducted to establish the random source target

PDF required to give a speech-like PDF for the filtered signal. Let
thesa PDF's be dencted as PL {(for the signal prior to the send filter) angd
P2 (for the £iltered sigmal). A widely differing variety of distributions
has been used for Pl, ‘The shapes of some of these distributions are
sketched in Fig. 24.

The tarxget distribution and the distribution achieved by the xandom
source have been plotted. This has graphically verified that the random
source achieves a distribution very close to the taxget, with'a sequence
length of the oxder of 32 000. Hence the shapes in Fig. 24 are quite
apourately representative of tie distributions actually inmput to the send
£ilter.

It ig desirable to concentrate filtering effort at the send fllter, as
is demonstrated in Section 4.6, A 40-pole send filter has been used heve
and for ali experiments other thaa those of Segtion 4.6. In isolating the
effects of imposing practical limitations on various sections of the test
set, it is often convenlent to be able to regard specific filters as being
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ideal rectangular types. Where it has been required to have such ideal
f£ilters in a simulation, then those particular £ilters have merely baen
specified as 40-pole types. This convenient round number implies
considerable computation, but safely remeves finite filter roll-off effects
from the simulation. This assurance is based on a comparison of some
simulation results using first 32-pole filters and then 40-pole filters
(Section $.6.2.)

¥t has been found that~each and every Pl shown in Fig. 24 gives a
filtered DR, P2, thet is approximately Gaussian in shape. It appears from
the plotted ¥pr's tha. the form of P2 is not noticeably a function of Pi.
As the filter is linear, it is anticipated that P2 wonld be Gaussian for
the case where P! is Gaussian. Hence P2 will be referred to as Gaussian
for any P1, although it has not been analytically proved ‘that P2 tends to a
strictly Gaussisn form in general.

No specific reference to the above efifect has been found in the
N .

arise as to whether the tendency of the
£ilter output towards a Gaussian PDF is avoidable by specific minor rhanges
in the test set. Could this effsct be avoided by, for exmuple, using non~
recursive filters with linear phase, or by using fillter prototypes othez

than the Buttexworth? A general analysis is required which rigorously R
defines the sufficient conditions for to the " ' output.
‘The feasibility of this analysis and its significance is considered in
Chapter 5. Suffice it for the present to note that there exists, ix al)

the particular sitvations simulated, an effect reminiscent of the central

1imit It has not been possible to compere SQNR's i
using G: 4 PDF to those measured using more speech— %
like PDF's. In Chapter 5, an a is which cir the :

Iaitation to Gausslan stimuii. :

The arbitrxry spike PDF shown in Fig. 24 was introduced in the hope of
inducing the Gausslan P2 to peak more at low amplitudes. This is unsuccessful
even when the filter Mandwidth is increased from 100 Hz to 1500 Hz. It
appesrs that the filter bandwidth does not signi ly influence the form
of B2,

° Some sample plot printouts are given in Appendix G.2. The practice
has been to print the data file corresponding to the particulsr simulation
below the PIOF plot; this fully details the simvlation and autematically

ensures that there is no confusion when many simulations are performed.
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4.2 The COMDAC SONR versus Yest Stimulus Level Charvoteristic

~—Measurement of a.Reference Curve

The wurpose of thiy group of similations was to establish the ‘actual’
quantisation noise characteristic of the ideal COMDAC model. This

istis was by’ speci of an ideal tustor with the

following parameters :

32 000" samples
450 - 550 Bz
860 - 3400 Hz
40 poles {all filters)

sequence Length
send filter
noise filter
Filter order

D/A resolution 30 bits
2/D zesclution 30 bits
fandem source target POF Gaussian :
system sampling frequency 8 kHz i

his tester is ideal in that all the filters are 40-pole types, and
both the data converters are 30 bit types. The convenient round number of
30 bit resolution sexves to remove from the simulation the effects of
finite data. The simulator has been used to provide
assurance that .30 bit resolution is sufficient for this purpose, and it has

heen found tlak data converter quantisation noise has -a detectable effect
on SQNR only when resolution is reduced to {6 bits (Section 4.6.1}.

The precise numerical results are ‘given: in -Appendix-G.3,.and. are shown
in Fig. 25. These resulte are not d@irertly comparable with-the published
COMDAC performance curve (Precision Monolithies Inw., 1976) because the PMI
curve has been established by sine wave tests, The results shown in Fig.

25 will be used as the Tactual! goal ‘fox evaluating
less precise test sets. They are useful, also, in the measurement of the
encode -and decode noise in an

codec in-addition to the guantisation nolse.

4.3 The Variation of Measured SONR »s @ Function of Test Length
& group of simulations haz been done to quantify the variation of measured
SONR of a typical codec as a fumction of ‘the test saquehca Jength. The
COMDAC software model has beeu taken as e. Fixed

of the test et were specified at ideal reference levels:

sand filver 450 ~ 550 Bz
notse filter 860 ~ 3-400 He i
£ilter order 40 poles (all £ilters) . -/

a
|
H
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B/A resolution 30 bits
A/D xesolution 30 bics
yandom source target EDF Gaussian

gystem sampling freguency B kHz
The numerical results are given in @.4 and are il in

Fig. 26. As anticipated, the measured SQNR settles to a level with
incressing test length. The purpose here has been to determine the minimum
test lenguh which gives measurements within a specified band axsind the
‘settling level, This minimum acceptable test length is an impsrtant factor

deternining the scomomics of botk test sek and
design.

The variation of measured SQWR with the test length is also a function
of the test levei. 1y, three

levels have'been chosen .as of the simulat: to
Fig. 25, levels of -7dB, -13dB, and -43dB were selected as representing the
aifferent encodex loadings. These levels have been set by specifying the
digital attenuator setting., The actual. stimulus level may appear to Giffer
slightly from the digital etting when high levels are
being used. This ovcurs as a result of peak clipping in the D/A. The
program QUANTO informs the user of the level of the peak-clipped stimwlus,
and this is typically 7,2dB down when the digital attemuator has beaen sef
for 7,008,

This is intendud only to indicate the peak clipping power. The effect
is mot an exror source in ideal test set simulations. When the send side
analog attenuator is set to 0dB, then the D/A conveérter peak range waps
exactly into the PCM encoder peak input range. EHeuce the stimulus level in
the above example should be taken as 7,0dB exactly, and the peak clipping
notionally actributed to the PCH encoder.

The simulations of this section were unintentionally performed with
the send side analog attemuator set to give a gain.of 0,13548

{i.e. 5 =-0,135). This has no significance in terms of 'the purpose of this
section, but does explain why there is not precise numerical coincidence
between this section and the previous section at the 32 000 sample seguence
length point. X

The scales of the graphs in Fig. 26 a¥e not all the sawe as the graph
varied.much more for bigh stimulus levels (~7dB). The siiuletor noise

source has a pericd of 32767.samples. Short length stimuli are periodic
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of of this tic pericd. In the present
group of simulations, the varicus length stimuli are all taken starting
from the same pofnt in the sti It is that
the precise form of the graphs (Pig. 26} would depend vron the starting
point chosen. This may'be investigated by repeating the rvesent group of
simulations using a different value for the ISICP parameter, but bas not

yet been done. The shape of the graphs might also be depandent upon the
particular: characteristic -sequence of the source modelled. T+ Would be
interesting to investigate the effects of various new-sets of ‘constants in
the random generator algorithm, and o on.

4.4 Measured SONR as a Function of Pest
Domain Paxameters

4.4.1 Measuxed SONR Variation with Centre
Freguency
In this group of simulations, the SQNR of the CONDAC wodel has been
measured using a 100 Hz wide band of noise, Measurements were taken with
the stimulus band centred at various frequencles, Fixed parameters of the

test set have been given ideal'values. Particularly, the noise measuring
filter passband has been fixed at 860 ~ 3 400 Hz as is conventional.

The numerical data ave given in’Appendix G.5.1, and the vesults
illustrated in Fig. 27. Cleaxly the exror spectrum is not injecti.a
frequency independent, and, ayain, large varistions of measured SQNR eccur
at high stimulus levels. ’

4.4.2 Measured SONR Variation with Stimulus Bandwidth
These simulations were pexformed with the stimilus centre frequency at 500
Hz, The stimulus level weesuring. f£ilter on the receive side was held equal
to the send filter for the bs dwidths simglated. As parrow bandwidths were
to be investigated, the filters were all initialised by an 8000 sample
'tail', as opposed tu the usual 1000 samples. Comparisons of yesults with
the filter initialisations showed only minor differences.

The measured SONR is virtually of the i bandwidth
at moderate and low stimulus levels. This is perhaps surprising, but is
probably due to the very long stimmlus length and averaging time used here
{32000 samples, 4 seconds).
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At high stimulus levels (~7dB), the SQNR measured is very strongly

infinenced by the dths of 100 Hz and
180 Bz give SQNR velues differing by more than 1dB. This reinforces the
that the achi 3 in SER will be

reduced at high stimulus levels.

4.5 Determination of Data Converter Signal Level to
Optimise Test Set Performance
The simulatiiolis of this and the subsequent sections are aimed at finding

indications of likely wajor parameter values in a practical hardware test
set design. The 1 has been assumed for
the present with an dmpl scheme consistent

with the proposals of Section 2.5. the aim now is o introduce test set

data of limited and filtevs of lower order, and to
establish the minimum angd orders
Initial attention has been focused upon the data converters. The
purpose of this section is to the conf: which
timd data The rel t area of the test set

and seme notation are shown inm Fig. 29.

mest | prerran DIGITAL

TEOOLTS | Avrenuator || TO ANALOG s mmmmn "“"‘T

CONVERTER

(X 4By {Resolution (5 a8) e
JBDA bits) P . ' :
BACK-TO-BACK , © -
. TEST SETE e
Qore=1) 8
AN
R
hY
~
RECEIVE ANALOG 70 N
| S a—t  DIGITAL ok
FILTERS CONVERTER
(Resolution (SR dB)
TEDAR bite)

Pigure 29 Test Set Data Converper and Attenuator Sections.




88

In a design environment where data converters are costly, no use will
be made of digital attenuation to simplify the snalog attenuator reguirements
at the send side. Initial-examination will be of such an environment, and
it is sought to establish the value of X (48} required to minimise the IBDA
and YBDAR resolutions necessaxy. This has been approached in the following
manner. Simulations have been done where :

IBTB = 1 (test set back-to-back)
=048
BR = 0 a8

I8DA = 12 bits

ISDAR = 12 bits

X{dB) has been varied, and the test set SNR measured.

Other test set parameters have been set to reference ideal values.

Mumierical data are given in Appendix G.6 and the results are
1liustrated in Fig. 30. While arbitrary values of IBDA and IBDAR migut
have been chosen, the 12 bit situation selected will be of interest in the
Light of the results of Section 4.6.2. Also, 12 bit hardware Gata
convexters have been incorporated in the hardware test facility {Appendix B}.
As noted previously, a test set SNR of 63dB is required +to measure a SQNR
of 43GB to within 0,1 dB,. The 12 bit test set can have an adequate SNR of
62,538 when X = 11,638 and § = SR = 0 48,

%t is mpparent from -the approach shown in Fig. 29 that optimal use of
the test get will be the following. X showld be fixed at some point close
to. the optimal -point given by the test set SNR criterion. Further

imulati have this exd and have fixed X = 11,6d8. The
PCM stinulus level is then varied by S, which is 2 negative cuantity in
48's when a gain is reguired for stimuius levels above -11,68B. In order
to maintain test set SNR independent of stimuius level, it is desirable to
bhave tracking su that SR = -5 dB. A unity galn PCit may be convenieatly
as;\med.

4.6 Investigation of Test Sat Design Trade-Offs between Data

Converter Resolutions and Filter Orders
The aim in this section has been to simalate measurements as would be made
by practicable test sats on the COMDAC model, and to compare these
measurenents with those of the 'ideal' test set of Section 4.2. Differences
are called ‘errors', and are seen to arise due to reduced data converter
resolutions and Eilter orders.
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All similations have assumed an equivalent send £ilter order of 40.
This is because the send filtering for a hardware test set is not seen as
a problem. The test stimulus may be held in read-only memory (ROM) or may
be generated by a mechanism reguiring neither noise source nor send
filtering. One such mechanism 1s proposed in Chapter S.

4.6.1 Effects of Constrained Data Converter Besolutions
In a test set alofiy the lines proposed in Sectien 2.5, the data converters,

Of course, add theix own quantisation noise power to that of the BCM
system. Simulations have been to'establish the quantitative
significance of these additions, when measurements' ave mads on a PCM system
. like the COMDAC.
The simulations of this section examine ‘the effects of constraining
the data but have high £iltex orders
(80 poles) for the receive side filters. The xesults are shown in Table 1,
and numerfcal details are given in Appendix G.7.1. These results are of
tical ink in a dgesign vhere dlgital Filtering
capabilities are not hard pressed, and Indicate the minimum data converter

requirements. It will be seen in the next section that these ideal filters

differ from the minimum acceptable filters by a factor of less than.two in

terms of computational effort. It 45 noted that all the simulations of

this section aand the next, use the fixed digitel attenwator setting of

11,668 derived in Section 4.5. !
The simulations resulting in Table 1 have generally been combinations

where the digital to analog (D/A} converter resolution is greater than, or

equal to, the anslog to digital (A/D] converter resolutisn. This weuld

minimise the data converter engineering effort because D/A converters are i

simpler to implement than A/p converters, for the order of resolution

required here. However, if the test stimulus is to be stored in ROM, the

s’yétem cost minimisation differs.. A reduction of D/A gonverter resolutlon

by N bits would save N.L bits of storage for a test sequence of L samples,

as well as a slightly reduced D/A cost. However, the cost of A/D converters

rapidly for resolutions of move than 12 or 14 bits for

the conversion speed required (125 us for a telephone application).
Further a1 of posaible test set is
. to Chapter 5, merely noting that Table 1 is mot intended to be comprehensive.
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4.6.2 Filter Recuirements with Practicable Data Converter
Resolutions

‘The simulations of this sectiop take realisable data converter resolutions,
and seek to establish the minimum filter orders required in conjunction
with these converters. Measurements-are again done on the COMDAC model,

and these give errors with respect to the ideal test set of Section 4.2,
The purpose is illustrative only, because there are more suitable filter
types than the Butterworth prototypes used,

In order £o avoid complicating tie interpretation of the xesults, the
order of the receive side stimulus level weasuring filtex has been neld
equal to the order of the noise measuring filter. This implies that the
signal level filter is overspecified. Furthsr simulations might usefully
be done to the optimal of filtering effort between
signal level and noise measuring filters. Howevex, the assumption’ of equal
receive filter oxders is a useful starting point. If the receive filters

are i by one mi wach, for example, the order of the
stimulus level filter may be zeduced from the ‘egual order' specification.

The exceéss capability of that micxoprocessor might then be used to control

the simulitaneous test:stimulus generation.

The simulation results'are shown:in Table 2, and numerical details are
given'in Appendix 6.7.2. A test seb with a 14-blt D/A converter and a 12-
bit A/p converter, for example, has been denoted in Table 2 as a '14/12-bit
sett. )

It is to note ticulaxly the Table Z entries relating to
sets v'th receive filtars of 10 pols pairs per filter. It is clear that.
over the range of data converters shown, test set performance is a stronger
Ffunction of filter order than of data converter resolution. As evident for
the 16/14-bit set, there is an sbrupt limit to the minimm filter order
acceptable. It appears that a satisfactory test set could be based on 12—
bit data converters, with 24 pole recelve f£ilters. The recelve Eiltex
oxdler required is expected to drop if (say) inverted Chebyshev prototypes
were nsed instead of the Butterworth. Comparatively minor additions to the
simulation package would allow the extent of this drop to be determined.
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TABLE ) Brrors in SQNR w o ticable Data C
and Bigh Ordexr Filters {all exrors in 4B)
£ bit B/D 10-bit a/p

o/R 10 12 14 10 12 - 14
'RESOLUTION

ERBOR 0,163 0,156 0,160 a,087 0,077 0,080
at - 4B

ERROR 1,537 1,508 1,491 0,183 0,146 0,135
at - 1388

'ERROR 0,768 0,762 0,740 0,076 0,062 0,048
at - 435 ¢ 5

12-pit 3/D 14-bit 3/D

o/a 12 14 16 12 14 6
RESOLOTION |

ERROR 0,009 0,012 0,012 0,013 0,017 0,017
at - 7aB -

ERROR 0,038 0,030 0,021 0,029 0,022 0,012
at_- 13dp

ERROR 0,013 0,001 0,001 0 Ms 0,001 0,001
at - 4348

L we

i

|




=

Errors in S

a3

with Bs 1cabl

pata

Resolutions and Reduced Filter Onlers

16/14-8it Set

{All errors in db).

POLE PAIRS RER

_ERROR @-13 4B

RECEIVE FILTRR: 8 10 2 &
ERROR @ -7 @8
Pt 0,229 0,073 0,080 0,023
ERROR @ -13 B
STINLOS 1EVERe 1,956 0,268 0,054 0,018
ERROR @ =43 dB
STomigs LEven: 0,998 6,132 0,028 0,006
14/12-Bir Set
_ “POLE BAIRS PER
' RECEIVE'PINFER: 0 12 14 16
ERROR @ ~7 6% 0,068 0,035 0,025 0,019
r -
(RROR @ 13 @B 0,288 0,072 0,043 0,036
ERROR @ ~48 dB 0,432 0,029 0,012 0,007
i
e 12/12-pit Set.
‘POLEJPATRS PER
RECEIVE FILCER: 10 12 14 i6
\ERROR .@-7 B 0,065 0,031 0,020 0,015
0,289 0,076 0,048 0,041

8-43 a8

0,143 0,040 0,024

0,018
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4.7 $ummarising Comments on the Simulations Performed
The sim:iations described in this chapter have demonstrated ‘the ease

with which precise quantitative studies may be completed using the
The simulati described 11 ‘ideas in ‘three areas : the

cptimal SONR pexformance attainsbie by a perfect implementation of a PCM
system hased on'the (DAC-76) COMDAC, ‘the design of a-suitable test stimslus
sequence, and the design of a practical test wet based on the dominantly
aigital approach proposed in Section 2.5. The simulations perfoxmed sbeuld
be regarded as initlal studies only, as too few situatlons have heen
investigated for Jefinite gemeral rules to be suggested.

In regard to test saquence design, it appears that it may be necessary
to use stimulus lengths greater than one second. Nevertheless, the
requived lemnth is likely to be practiceble. It appears that the SQNR

ie 18 wpon the stimnlus length and frequency
domain istica, with 1y great within the

region of high stimulus level {7dB down on peak input).
In regaxd to practical test set design, it has beem found that the data
Luti are consistent with those of available

converter circuits. The stimulus generation section' of the test set may be
readily implemented. It has been found, however, that the receive side
£iltering effort required is substantial. Further simulation work is
desirable in ordeyx to establish how much the cost of this £iltering can be
reduced.

As reported in Section 4.1, it has not been possible to generate
narrowband stimuli with accurately speech-like PDF. Al stimuli genexated
have approximately Gaussian distribution. The sufficiency conditions for
the occurrance of this limiting effect, and the significance of the effect
are discussed i Chapter 5.

- S edy
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5  FURTHER PROPOSALS AND CONCLUSIONS

| 5.1 The Response of Lineax Filters to Stimuli which have

Non-Gaussgian Probability Distribution

The simulations of Section 4.1 suggest that the PDF of the output of
* the send filter tends to a-Gaussian distribution and is largely independent
2 of the PDF of the mput signal. In order to conclusively determine the
usefulness of noise sources in D measurement, it
is necessary to determine whether the above effect can be avoided in QD
work. Tt is to ine precisely what conditions

are sufficient to ensure that the limiting effect will'ocowc. It may be
that these cond.tions have been introduced by the specific filter design
procedure which happens to have been used, or that there'do exist, in fack,
input distributions which will give the required output distributions.
f The purpose of this section is'to discuss .some aspects of the generel
: analytic problem of detemmining the output of a linear metwork which is
axcited by a non-Gaussian source. It is felt unlikely that the problem is
close to solution. Some common analytic approaches will be explored here.
In Section 5.2, an algorithm is proposed to obtain precise SONR values
to any »OF.

5.1.1 General Amalytic for Systems with

Non-Geussian Stimuli
Consldering the present work in gensral terms, there is & need for analytic
techniqu~s to characterise the output of a system in teyms of a stochastic
! input to the system. It bas been arbitrarily decided in the present work
: 2o only the of the output probability distribution
H ! of a linear systes. It is specifically noted that sn exhavstive survey of
the possibly relevant literature has not been dome. No complete formal
analysis of a system with arbitrary input PDF has been found. Davenport

]

i and Root (1958, p 189) have treated the problem with cutstanding conciseriess
and honesty. The major section of their treatment is quoted helow.
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*If the input random process ic non-Gaussisn, the probability
ai the output process are not, in general,

by the ar lation and mean of the output.

This being so, it is natuxal to ash what cen be done toward cbtaining
output probability distributions fox a iinear system driven by a non—
gaussian random process. The answer is, usually very little. There seems
to be no general. method ‘for finding even a single-variate probability
distribution of the cutput; beyond the brute-force method of calculating
all its mcunenr.e. This is unsatisfactory, of course, first because not all
i by theix ts, apd ‘second because it is
usually & prm:tical imponsibility to get all ‘the moments 'in an easily
calculable form. WHowever, a few examples of this type of problem have been
worked out by one device or another; in most of these-examples the input
random process, although not gaussian, is some particular non-linear

functional or class of of a such as the
envelope, the absolute value, or the square.’
Before ically on an ior of the unprowising
1l like moment it is sensible to consider

the applicability of broad principles such as the wentral limit theorems
{Cremer, 1974, p 213 et seq).

5.1.2 The Applicability of the Central Limit Theorems

The idea here is to consider whether the filter output FDF is not constrained
by a central limit theorem, 2nd to fipd the most general safficiency
conditions for the theorem'to apply to the random sm,zce/fncer coubina-
tion.

The most commenly cited central Llimit theorem is the Lindeberg-Levy
theorem, ox the egqual components case. It is not @ifficult to show that
this theotem cannot be applied to the xandom source/filter situation. The
r.asoaing s outlined below. -Considering also the possibility of vecursive
filters, the filter algorithm in genexal may be wrltten as :

k4 k
Yiay ™ > a5 Keaieg Z b5 Vps (5171
i=0 10
where the samples x, form the filter Japut time sequence, and the samples
s form the filter output The filter Efici ai and bi will
‘be i here to be

When a detectable amount of send filtering is performed, the output
signal ¥ will not have a uniformly flat power density spectrum. By
application of the Wienér-Khintchire theorem, it is clear that the
asukocorrelation of ¥ will not be an fmpulse fusction. Hence the samples
¥y will 'not be linearly independent. Davenport and Reot (1958, p 58} have

. shown that linearly independefit variables are not necessarily statistically




;
i
|
i

97

independent. However it is readily shown that linearly dependent variables
cannot pe statistically independent. S$tatistical independence is a
pre-requisite for the application of most central limit theorems, and so
the formulation of equation (5.1 - 1} is not convenient. Successivs
substitution of equation (5.1 - 1) allows the general recursive form to be
decomposed to a non-recursive Form.

F
T T Hm zm s Benjoi 5.1-2)

It 1% readily shown thet this series as convergent if the filter is
stable. It follows that any Stable filter of the form of equation
(5.4 - 3} can be approximated to asy desired accuracy by a filter of the

form: ;
N

T Z 4 Mg (5.1-5) :

im1 |

The to ng the impulse response, and ‘

the purpose is to give a series with a finite number of terms. !
et us now consider the form of the centyal limit theorems. Cremer's ;
statement of the thewrems (1974, p 214) is given below. !
'Whatever be the distvibutions of the independent variables [x,] ~ i
subject to ¢ertain very general conditions - the sum '
[xs = K H et xn] is asymptotically normal ...’

Consider now the equal” components case (Lindeberg - Levy theokem).
The proof of the theorem relies pon'the vazisbles *, to = all hav. ng the
same characteristic function, i.e, all having the sawe distribution. Now
as the goefficients Ci are not all equal, in filters of interest, it is
clear that each term in the sum is drawn from a different distripution.
Hence the Lindebeérg - Tevy theorem cannot be applied to the situstion under
consideration. ‘

By restrictd 1 to those limiting the validity
©Of the Lindeberg - Levy theorem, it is possible to £ind centyxal Aimit
theorems applying to finite sums where each texm of the sum is drawn from
an independent distribution. Of such theorems, the Liapounoff. theoren is
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possibly least restricted in its applicability. The explicit requizements
for this theorem are drawn from Cramer's treatment (1974, p 213-216).
Consider a random varisble X. Let the nommal distribution function be
(%), defined by

. o,
0@ = — f SE g (5.1-4)
a1l

e

If two guantities Mo and 3, can be found such that the variable
x-Mo) tends to (%) as nme>ou ,
do

then X is sald to be asymptotically normal {ﬂo ,un),

It ic interesting to consider the precise requirements for the
applipability of the Liapounoff theorem. Let Vyr Vpr eemeanes Yy be
independent random variables, and let “i and oy be the mean and standard@
deviation of ¥,.

A first requirement is that the third absolute moment of each Vi about
1ts mean should exist in the sense that Lt is finite. Thus for 2 Vi s

-3 -
(A ) E(]Vi “J) (5.1~5)

where E{e} denotes the expectation.
Xf also, the condition js satisfied that

lim

> o =0 (5.1-6)

a
then ¥ = > v; 5.1
i=1

is asymptoticelly pormal.

N
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i
|
i
{
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The central 1init theorems refer to the (cumlative) distribution
function of the sum. The conditions are known under which asymptotic
normal convergence of the distribution function implies that the freguency
function (PDF) tends to the normal PDF, but fulfilment of these conditions
is assumed in the present argument. The conditions of equations (5.1 =~ 5)
and (5.1 -6) will be to 1y as +he 1i

5.1.3  The Epplicability of the Lispounoff Theorem
It wag shown in the previcus section that the equal components case of ~
the central }imit theorems is not -applicable“to the random source/filter
situation. The conditions for applicability of the ILiapounoff theorem have
»been gtated, The purpose’of this Seotion is to examine the applicebility
of the Liapounoff theorem to the source/filter cembination.

It is natu.ral‘ ‘to ask whether fulfilment of the Liapo\maf:i condition is
not‘ensuréd simply by the constraint that the £ilter be stable. However,
stability is not a sufficient condition. Some particular examples of
stable filters bave been constructed-where the output PDF 1is$demonstrably
not. 3% 11y normal. Comsider a filter fed from a random source with
N - bit outpyt werdlength, for example.

Lok M -
congides “lter! gefined by

i
Yeag " E(——’—) . (5.1-8)
+ S\ B

It may be rigorously demonstrated that if the random source output
is wiformly distributed, the filter output PDF is also uniform. This
holds true even in the limit as n —» . It is cmuphasised that equation
(5.2 = 8} la an example of a stuble lingar filter to which the Liapowsoff
theovem doss not apply.

It is, however, readily possible to synthesise & counter exampis of &
stable linear filter to which the Liapcuncff theovem does apply. An
ebvious example 1s the averaging filter given by equation {5.1 - 9).
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: n

5 Vit = E L * Feer-i (5.1-9)
; T

: Hence it is clear that some stable linesr filters will necessarily’
— have Gaussian output PDF, while others will not. The characterisation of
the f£ilter output PDF by the above effect 1s, at the least, determined
by the rigorous applicability of the Liapounoff theorem. The theoretical
basis for QD measurement hy-non-Gsussian stimuli is a precise formulation
of -the conditions under which the Liapcunoff condition is Jma!:. The aim of
' the remainder of this section is to provide this formulation in terms
N relevant to QD measurement.
Firstly, it is verified that the applicabllity of the Liapounoff i
: theoren is'deternined solely by the filter coefficients G in equation
K} {5.1 = 3). The Liapounoff condition is formulated below in texms of the H
filter coefficients. The purpose is-to seek an understanding only, not
rigorous. conviction.
i Let us compare the form of the filter output (5.1 - 3} with that of -
. the sumin Liapounoff's theorem (5.1 - 7). We consider [

AR (5.1~10)

|

The X subscriph denoting position in the input time series may be :
laced by a ing its xole in forming the sum. Conveniently
written, :

H = -
f v, o= G, (5.1-11)

Any direct current (DC) component of the Stimulus may be separated
out: kecause the f£ilters considered are linear. .

i




i
H

m = E(Vi) = E{C;X;) = 0 (5.1-12)

Hence the third absolute mement is, from (5.1 - 5},

3= E([g; i[3) = ;ci[3.z({xi{3) {5.1~13)

And the variance is

i g o, = E(og .k, 12 = feg] % LGAD] (5.1-14)

Now while the sum component varisbles V, are drawn from different
distributions, the inputs X, are all drawn from the sawe distribution. :

4 BCjx, |9 = B(j% | and B(|x,12) = B(UZ 1D (5.1-15)

! + for.all combinations of 1 and k in the sum. ;
i For any practicable random source, |X| 1s finite and hencep exists,

w>eo A 7%
5 :
i :

i=)

: satisfylng part of the Liapounoff condition (5.1 - 5). The remaining : .
H of the tlapounoff condition, (5.1 ~ 6), may now be rewritten in releva:t.
i
: form, Let us denote
ad
i n /3
o N
| Z oy
! 1m it =L
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Using the previous equations of this section, glves

O XA e i

in .
¥ ml_[lc”h!cz}h..»[cn[z V2 gxint?

=1im ¥.,D ({say, respectively) (5.1~16}
o
The lim P=0 is sufficient to ensure applicability of the Liapounoff

theorem. The term D Involves Gbsolute moments and 50 cannot be zero for 2
source with finite RMS output. Hence it has been shown that the Lispounoff
- condition #r equivalent here to a constraint on the. filter ecefficients.

It is now surprisingly easy to demonstrate that there ewist no stable

filters'which fulfil the Liapounoff sufficiency condition. "The condition
requires

I N T e T

™o &1 {5.1-17)
. Lie, 2s1e12e.. ol 12172

The isa ‘function of n. ' It may readily be
shown that the denominatoxr series is convergent, and hence that (5.1 - 17)
cannot be satisfled for any stable filter. Referring to (5.1 ~ 3), it is
clear that the c; walues are equal to the output response of the filter
when the £ilter is excited by a unit impulse input. Convergence of ihe
impuise serdes is sently shown by ‘the integral test (Boas
1966, p 8). Xuo (1966, p 293) has shown that, for any stable linear

network with impnlse respanse hit},

+20
/[h(:)[ it <w . (5.1-18)
“c

since h(t) i# absolutely integrable, the series|h,]and|c ]aze
convergent.
Kao (1966, p 203) has also given the final value theorem for stable

linear networks, namely
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Hm > h(r) =0 (5.1~19)
o

To test convergence of the serieslci‘zozlhip - ;i we may discard
a finite mmbex of initial texms, so tt- by (5.1- 19} we get

]hiiz k3 h‘i‘ for 2ll ism , m finite (5.1~20)

The comparison test (Boas. 1966, p 7) may then be applied to the
msries |n| anafnd?, that the series of
(5.1 - 17 is convergent. Whis is pot surprising because the series lhll 2
represents ‘the enexgy in the iwpulse resporse. Howaver, it has been shown,
isingly perhaps, that the ‘sufficlency condition camnot be

met. Hence ‘the Liapounoff theorem 'gives no cesults for the noise
source/Linear’ fliter situation.

5.1.4 A Hecesgary Condition fox -the Central Limit Yheorems

The preceding parts of Section 5.1 have shown that various central
li:;sit"ﬂlaurems cannct be-applied to the noise source/linear filter
situation. ‘Some details of the xeasons why the thearems cannot be'applied
have been given. The purpose has been to give an appreciation of the
nature of the effect cbserved dn Section 4.1.

~ “Based on this Latd, ~and the already it
is possible to show a less informative but more conclusive result. The
tions in have been sufficiency conditions

only. All sufficiency conditiens hava been encompsssed .’ 'a sufficiency
condition due to Lindeberg, {Feller, 1957, p 239). Feller has shown that
the Lindeberg -copdition is also a necessary condition for any central limit
theorem to hold (for indeperident variables}. It is now shown ‘that 'no
centzal limit theoren applies to the noise’source/linear filter situation.
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Consider V to be a sum of n independent random variables, as in
(5.1 - 7). Iet the variance of the stm be denoted by 5 °-

2 =va @ (5.1 = 21)

Peller's word statement of the Lindeberyg theorem is quoted. ‘The
Lindebery theorem implies that every uniformly bounded  sequence of
1utually independent random variables obeys the central limi% theorem,
provided, of course, that Sn—- ad

as n~so00] 'y -

It has been shows in Section 5.1.3 that Sn does not become infinitely
large when any stable linear filter in used. Consequently, no central
1imit theorem applies.

Stearne (1962} has i 3 a where px
white noise has been passed through a particmlar family of digital filters.
He has apparently also found the filter outpnt FDF to be approximatesy

Geussian, and, giibly citing Feller's theorem, has attxibuted this to the
central limit:theorem. Heaes while the effect reporvred in Section 4.1 has

been , there xemains no satisfactory

explanation known to the author. The important point here is that a
precise analytic formulation of the conditions necesssry for this effect to
. ooour would form the 1 basie fox gp by 1
stimuli, Future work to produce this analysis is called for in so fax as
it produces & conceptual completensss in QD measurement.ideas. AS far as

icsl g0 by fan stimali is comcerned, however, the
alyorithn introduced in the next section appears to be a good solution.

5 2 R Propesed Test Algorithm

5.2.1 Theoretical Basis

A Gaussian signal is the most dently pseudo-
random test stiwuly the analytie results of
Section 5.1 for statl - statistical it is ible to

pseud dom stimull with any desived PoF. The

purposes of thig section are -to’ show how an 'y PDF may be ed
approximately.and to propose an algorithm by which this synthesis need not
be done explicitly. :

Let us consider a situaticn where it is convenient to generate N

signals. ILet these. signals be xi(t), and let fi(x) p& the PDF corresponding
to ¥ {L). Consider now that we form a signal X_{t}, such that




?{S(!‘.) = xl ()

and X_{t +

" sk the
Then

£l =

Also, letting Fi(m) be the Fourier txansform. of ‘(i(t), it appears

w

\&X (&)

X, (t)
X3(t)

n

L
P

M=

)

1c5

forofesm

for TyLEL®, + T,
for (T, + ’3'2)_‘,«11('!1 T, TS,

N1 ¥
for L Ty ees D ;
=2 =1
= xsn:). {5.2 - 1}

¥DF orresponding to ¥_(t) be £_(x).
s s

N
E 240, G0)

e

i=1

that in cases wheze
12;¢u) = 0 for #<]ul<n, (4,heR 2 )
then
Iz o= 0 for a<lal<n

., The approximate equalities become more exact with diminishing energy

{5.2-2)

(5.2 ~ 3}

in signal transitions at t =T, L.4. as ;:12 %, —» oo for finite N.

£5.2 '~ 3 =re not constraiued.

Glven a PDF torget ET(x) ; 4t is possible to synthesise fs(x) exactly,
{xdyideﬂ that the guantities on the xight hand side (RHS) of equation

In cases of more practical interest,

however, the designer requizes only that f_{x) = £,(x), and wishes to

explore schehes whereby quantities.in the RES of equation (5.2 ~ 2) are

convenfently constrained,

The mathematical environment of the above procedure is well known.
The procedure has been stated in fairly gemeral form im order io illustrate

the myriad possible stimulus‘synthesis avenues.

atténtion on.one conveniént avenue.
In.the previous wark it was found to be desirable that’

whete . w= v, 20 s k= [h(xm)]

k

£,0a)
T 2T(h)

. o,

kx

1/2

Tet us ncy concentyate

(5.2-4)
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dx  on 20, and £.(%) = £ (x)
h o= 0,5 (say),
A and that it is convenient to gemerate
’g Lo
j ; 1 (-x#/28;2)
£,(x) = . e (5.2-5) i
i
T 8,
1
% v . for ":i a real parameter.
H It will be found convenient,. initially, to consider
T, = forallisi, 2, ..., M. (5.2 - 6)
tre vand}imiting required will be dmplicit.
One appicsts would imv be to woustruct a stimalus X (k) of period
T, and giving £ {x} zg sn'N term appro’ iuation to fT(x).
i However, it is proposed that thete i . more efficient algorithm for
3 N21. The procedwe is as follows :

{a) The SQNR versus' stimulus level characteristic for the BiW sypten
. is establishud using a (say) of peric. ¥.

(b} This characteristic (smoothed curve} is used to compute the H
characteristic which would have baen measured ‘had one used a :
atimulus with PDF an ‘N term approximation to ’f,r(x) . The
computational procedure is defined by its equivalent synthesis

procedure as given by equation (5.2 - 2}. Takiag'equations
(5.2 - 2) {5.2 ~ 4) (5.2 - 5} and (5.2 — 6), and using (=ay) a
least mean square matching criterion, gives the mean square
mismatch between fT(X) and fs(x) +

+oo

2 - 2 »

E (N,s’,sz,....sn) = f[fm(x) fa(x)] dx (5.2-7)
$hed
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i For any fixed N, we wish to find a vector R« (8;, 8,/ «...5y)
such that
: d(E 5 2002 o
: ;g; =0 mtacwmien 2@ (5.2-8)
: ReRy gy
: In the event that R is not uniquely determinable on the above basis,
it is desirable to use this freedom to ensure that U is minimised:; where
. U= s, ~ Sy, ve xeguive Ry such that
. 1;.7“: w0 and >0 (5.2-9)
: a4’
4 ReByr ReRy

: Eorsxisj onj=1,2 .....NandSB=Sk for some 12k5N

§ and S, <8, onJ = 1,2 ..., Nand S =5 Ffor some 1gk<N.

- It is noted that, in equation (5.2 - 2), the unigueness of R is not
deterninable by test of orthogonality of the various £, (x); the approach
has pot been to £ix the £, (x}) and nptimal ici L
Clearly the Gaussian £, (x) are not oxthogonal.

The requirement of equation (5.2 - 9) will be seen to arise in
terms of the computational procedure described later.

Recalling earlier comments on the stimulus crest Facter, it is noted
that ve require £.(x) o be matched fo £ (x) only over the range {say)
0 % x 2 4 (corresponding to a crest factor of 12 dB).

The analytic of &, is, perh
even for N = 2. It has been convenient to find the points R for various
N by The £,(x) and £_(x) have bsen represented
by sampled versions of 100 points each. # 'utility program FUNFIT(LEE) has
been used as an implementation of a Powell minimisation algorithm,
Compliance with edquation (5.2 <9) cannot be guaranteed for the results.
It is emphasised that it is a non-trivial problem in itself to minimise a
quantity which is a ¢ of several 3 . Conse-

w:x: .usquently, there 4s no guarantee that the Ry global.mini
of the error function, as opposed to ‘local minima.’ Some results are given
n Table 3. .

i
i
1

i
¥
I
=i
H




108 ) i

Zable 3 Stavdard Deviations uf Gaussian Gowponeuts :
i . T to Best Approximate the Gamma Distribution :
i (for h = 0,5).

- B 8 8 85 8 8 S¢ 7 8% &
r' 2 0,315 2,493 ~ ‘
v 30,230 0,897 5,885 1
5 4 0,189 0,668 1,159 11,01 ; !
i 5 0,167 0,505 0,862 1,160 28,73 ?
’ 6 0,153 0,408 0,695 1,092 2,069 143,4
7 0,144 0,342 0,578 1,044 1,045 3,241 203,5
N 8 0,138 0,299 0,485 0,806 1,165 1,182 5,415 91,89
! 9 0,134 0,255 0,522 0,529 1,043 1,261 1,352 9,974 46,49

Table 4 Standazd Deviations of Caussian Compoments
f to Approximate the Gamma Distribution, where
the Ratio of Successive Standard Deviations
ip Constant.

51 SZ

0,315 2,493 17,95

N 5,/8; (48)
2
3 - 0,227 0,967 12,58
4
5

0,193 0,569 9,38
6,175 0,415 7,49

Note: Table 4 is referred to on page 112,
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The computational algorithm is bast illustrated by means of
an example.
Consider the case whexe N = 2 is sufficient.
(a) The PCM system is tested using (say) a Gaussian stimulus.
The SQNR is determined at a number of suitably spaced stimulus
il levels.
H (b} It may then be Qesirable to construct, f£rom the above points,
i3 - a smooth curve representing the SONR versus Gaussian stimulus -
9 level Iet this function be denoted by Qu{v),
whexe
Quévy) 4= = 20 log, f71) 4B (5.2-10) ; i
etV1 o
1
~
i . ;
&
for v, = RS mtimlus voltage, and n, = RS nolse voitage. The .
smooth curve showld be constr -ted with the Q and v values ;
expressed in decibel form. !
(¢} Noting that for M = 2, from Table 3, gives
5 = 2,493 = 17,95 B (5.2 - 113
Sy 0,315
‘ Hence considex two (N = 2) points om Qu(v) much
| that. ;
| Qv = 20 1ogm(1;) (5.2-12)
3 It
h . 1
and
; . ;
! Q.(v,) = 20 log (— (5.2=13)
: G2 10\»,

N giving, for vy > Ve

v

20 10310(/21) = 17,85 a8 (5.2-14)
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(8) Naw, L we had a measrement stimulus v, formed by concatenating
‘v, and v, in time as defined by equation (5.2 - 1} we would gat

(5.2-15)

3

Q (v,) 4B = 20 logw(h>
s

speech-1like POF.

vhere @ {v ) = SQNR with
B35 all points Q.(v) were ueasured over the Gaussian source
period T, this gives

v? = 1(»-12 . v22> (5.2-16)

{5.2~17)

{e) Using equations (5.2 -10) through (5.2 -17), it may be shown that :

1,01605 M
q_(v ) = 10 log 2. -
= 10} —(q (v, 1/20)  ~(2,785 +Qg(v,)/10)
v =y io +10
. +"ve
(5.2~18)

vy (dB) - 2,9 (aB) (5.2-19)

for v (dB) =




. should be measured at suitable points taking of the 1
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Hence equations (5.2 - 18} .and (5.2 - 19) may be uvsed to -ompute
the Qs(vs) curve which would have been measured with a non-Gaussian and

1 11y tionary

Equations {5.2 - 18) and (5.2 - 19) may be extended to give an
effective stimulus POF which is closer to the gamma distribution, by use of
Table 3. This approach determines the ervor which would arise in SQNR
measurement ue to the use of &4 Gaussian stimulus'as opposed to a more
speech~like one. EHowever, the 1 a i that thete
15 little reason for incurring this error.

Eguations (5.2 -~ 14) and (5.2 - 19} indicate that Qs[vs) will be
determiped over -a narrower domain than the QGIVG) measurements. QG(V)

procédure to be follpwed subsequently. If N = 2 is sufficient, a First set
of measurements would be mate at 17,93dB stimulus intervals. A second set
©of measurements would be ride with stimilus levels also 17,9538 apart, but <
with the initial point offset from the initial point of the first set, and
80 on.

for values of N> 2, and the algorithms suggested in Table 3, it ds :
me. Gifficult to find suitable sets of measurement stimulus levels. Hence )
it 15 attractive to obtain some values of Q.(v,), for use in extensions of

equation ($.2 ~ 1B), by coastructing a smooth curve through the sparse
‘measwred points on g&vs). Thie smooth curve is best constructed to apply
over a iimited domain only. i
It is felt that the reliable automatic operation of curve f£itting
routines cannot be guaranteed. Hunce the possibility has been explored
that the curve fitting exercise be obviated by constraining the PDF
approximation algorithm to operate on regularly spaced stimtlus levels. It
gives POF spproximation algorithms which can he charactericed by only two
parameters (N and 54/5, } - :
Hence, again assuming equation (5.2 - 6) initially at least,

1 f1 enZgg 2 -
e, @Xp{-x“/28.7) + f
Rz N L '

Ll 2 2 24-4)
1 . - 28 s,/8
> —~ axp[x /(28,7 0,057

(5.2~20)

£ (x) =
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The notation asvwmes w.iotonic v iztion of S with 4 from ! o N.
Clearly, the intention is gaia to avoid explicit synthesis of £ (x),
and to use equation (5.2 - 20} only to define the tational procedure
to transforn measursble points on g (v) to points on _(v).
The determination of §,/8, for varlous N has again been done mumericaily.
The purpose being illustrative, only 100 points ware again used for f_{x)
: and £,(x}). The results ave given in'Table 4, {page 108),
The approximations suggested in Table % have been plotted; convergence
to the gamma dilstribution with increasing N is, of course, very mich slower
thari that with the of Table 3. Conse- ;
quently, initial has been on sets'of
. nof-equispaced points. This is detailed in Section §.2.2.
It is tempting to Further refinm the proposed algorithms for equally
dpaved stimulus points. It seems gromising to determine a practically

suivable value of N, Ly considering the number of measurements required.
Having fined §,/5, by this N, wors acuurate vomputational provedures coild
. be formilated to tilise all the Q.(v) polnts with suitsble weighting of
. each point. However, . as evidenced by Chapter 4, such refinement is not

sijnificant st this' stage.
4 The proposed algoritim is of great importance in the present work
because it demonstrates how the convenilent Gaussian stimulus can be used
to extract the requi¥ed informstion from the PCM channel. In terms. of-this
algoritim, and the results of Section 4.1, it ig felt that the present work
has been conclusive in-fulfilling one of its aime. Tt has been established
that sophisticated for of noise PPE's have
B no apparent application in the" of guantisation'di 5 1

§

o 5.2.2 Mamerdical Significsnce
: A central question in the present work has been the following: how i

. great is the error in measured SQNR due to the use of a Gaussian as opposed
s to spesch-like test stimulus PDF? The purpose of this ssction is to
quaittitatively answer this question, at least in the case of the PCM mystem
H modelled.

0 Section 5.2.1 provides a basis on which to caleulate the SONR for a
stimalus which is an N éompenent approximation to the gamma distributed
PDF. The Aifference between this calwalated SQNR and: the SQNR measured by

... Gaussiy way: e, as an SQNR error due to less suituble-
i stimalus PDF, and this swrox will be denoted by Em(ia,v) .

W
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with the purpose of calculating EPDF(N,'V), the various transformation
for ¥ -equispaced have been mechanised in a

program XFMG2S, {(Appendix B). Linear interpolation of messured points has
been psed where necessary. For each set of points used to calculate a
i d polnt, the ically most significant point has been taken at
a measured point. Hence interpolated values have been used only fox the
less numarically’significant points. (Numerical values in this ciapter are
illustrative. ofily}. BAgain, the COMDAC model has been faken as representative,
and ‘the results af’'Section 4.2 have heen used. These results have heen
transfonmed by XFMG2S for various N, and values of BPDF(N’ v} are shown in

Figuxe 31.

DIFFERENCE
IN SONR (P>
28

18

- e Y Y T -1
48 -~38 -28 -18 8
STIMULUS LEVEL (DB>

in SQNR with PDOF's tending
to a Gawes Distribution, Relative to Gaussian Stimulus
Measuremeniy,

Sigure 31

; .
i




. at low stimulus levels. Errors of order 0,3d8 ococur for stimuli below ~40dB,
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Clearly the Gaussian SQNR curve is seriously misleading for stimulue
levels in the range -104B to -204B. This is the range of greatest
interest in determining how to load ‘the encoder, and hence the results of
Pigure 31 are seen as very significant.

It is noted that the an apr’ 1 ‘to the gamma
distripution only at N 2 9. The more meaningful criterion for convergence
here is of the SONR with ing N,.rather than

(say) a mean square errox mismatch between the distxibutions. Incressing N
from 8§ to 9 does not affiect’ measured SQNR by much more than 1GB anywhere
within the stimulus level range ~1038 to -204B.

The SQNR curve for N=9 diverges from the Gaussian measured curve also

but this is of less interest. It is felt that yseful remults have been
found o determine the significance of testing with Gaussian versus speech-
2ike stimulus PDF, and that the present work is satisfactorily complete in
this fundamental aspect.

5.3 a Proposal fox a Test stimulus

5.3.1 Approach and Motivation
I the light of the conclusions of Section 5.2, it i appropriate J

“to reconsider the test stimulus requirements stated explicitly in Section H
2,3. It seems that the use of rnoise in previous work has been Gictated
merely by ‘are technology is now such that it may be

convenient to take -uiapproach. The purpose of this section is to
outline an approach which mey now be more hardware compatible than the fii~
tered noise approach.
In the approach previcusly adopted, it is necessary to'expend some
effort to implement the send filter. For a hardware test set, it is
to do this filtering in veal~time, Two alternative implementations

- are possible. The entive test dequence may be held in read~only-memory

(ROM) . Alternatively, a divectly analogous approach to that of the Nova
package may be used. Here & block of random-access memory (RAM) is
required, and this must riso be large enough to accomsodate the entize test
sequence, The test segw-jce may be computed slowly and stored in the RAM,
then xeplaced word by we.i by the receive side signal. This facilitates
receive side filter imp? .mentation.

However, suffice i 1o note that the amount of filtering effort on
the sand side is about ~r+-i o that of both receive side filters togethex
(section 4.6.2). This fox bere an y
vhich obviates the net. Jrering. Even 1§ this spprosch’is
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found to be in impl by "pre stimalf,

in ROM, it is desirable to evaluate this method of stimulus sequence
construction. It will be seen that band limited but non-Gaussian stimuli
may be directly by the The is to
generate the stimulus so that it is inherently bandlimited. One suitable
synthesis procedure might be to generate a stimulus x(t) such tix

N -
x(t) = E Ai.s:‘m [("’L + i.Am)t] (5.3-1)
i=0
whexe £, = w /2w = lower limit of stimulus band
fg = wp /27w= upper limit of stimulus band

wy * N.Au

and N, Wy, and uy are design parameters.

Let X(w} denote the Fourier transform of x{t}, then it is clear that
[x(m)l = 0 except at puints on  uy < [ < uy

2nd hence no explicit send £ilter is reguired if Ad‘ AjtE). Eet £0x)
Benote the function describing the distribution of amplitudes of x(t),
analogous to the PDF if x(t) were a random-sigmal.. Tt-is mot attractive to
seek to detexmine £(x) analytically in temms of the various By

Each term A .sin(w;t) & balanced ampl “podulati
process, with well known sideband genexation effects when By Ai(t). It
is proposed that & suitable test stimulus could be synthesised with caxeful
selection of design parameters N, “r, » WH and Ai(t) . There are design
constraints in oxder to make this a to implement in
hatéware, as opposed to a filtered noise source., Hoace N should be kept
small, and a simple method found to gemerate the Aj(t). For simplipity it
is preferable that A, (t) = A () for all { and ¥; then the modulating
signal may be denoted as A{t). It is required that A(t) be bandlimited to
rather less than the stimulus bandwidth. This A(t}, together with the
selected Ny u | ands, should yive a suitable £{x).

As the primary tool is such a design process, simulation is again

attractive. A simulation packng\a {SIRES) has been written for this purpose
and is listed in Appendix I. On
outlined In Figure 32, as it incodporates some of the features of the
filtered noise simulation package for the “IBM 370.

part of the structure of the package is -
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Set Up Program

-[Pata File Simulation:

DRTASK, SINES

{a) Defing stepped approximation to modulating
waveform. .

(b) Bandpass £ilter if required.

{c) Generate sum of sinusol@ sub-carriers.

(d) Modulate.

{e) Bandpass £ilter stioulus if required.

Figure 32 outline of Stimulus Source Section of
Simaiation Package SINES for IBM 370.

5.3.2 Results of Simulations to Gauge Feagibility
Initial simwlations have been performed to gauge whether usable amplitude
distributions can be.achisved with simple modulating envelope waveforms.
The aim has been either to approximate the gamma Qistribution directly, or
to get a stimulus distribution which'gives fastex convergence in the
Tmplicit described in Section 5.2 (in

piace of the Gaussiea components). It is-convenient to loosely refer to
the amplitude distribution deneity “function £{x) as a PDF.

Consider a 500 Hz sinusoid being sampled at 8kHz, with one sample
point at a sinusoid zero ¢rossing' point. This sampling renders a picture
of the sinusoid POF which ie not suggestive of the analytically dexived :
sinusoid PDF. Two points emerge. Firstly, analytic caltdation of SQNR
should take account of any.periodicities in the signal, as in the above
cage the encode characteristic is 'sampledl. for quantisation 'step size at
only four Plices (ignoring polarity). The more important point is that
the sampled PDF is the one that the PCM system actually ‘sees’.

an initial set of simnlations was dene with all Ai(l'.) equal to a
constant, Spiky PDF's were found when the sinusoidal sub-varriers were
symmetrically distributed about the 500Hz sub-harmonic of the sampling
frequency. A better set-up is to have mub-carrier extremes at 410Hz
and 490Hz, so that the test stimmlus lies within 400Hz and 500Nz
even allowing fox a modulating Lap It is also helpful
to avold even numbers of sub-carriers, and ¥ = 31 is conveniently prime and
within practical limits of real-time generation. This gives a PDF shown
in Fig. 33, Not too strprisingly, this PPF is closer in form to the speech
POF than is the Gaussian.

A further example of a PDF in shown in Figere 34. This was achieved
by using a modulation envelope defined to have the value 1000 for. 1 second
and then 4500 for the next second. This envelaps ‘was"bandiimited to 8Hz

. oin
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AMPLITUDE
POF

ANMPLITUDE

NOTE: EXTREME AMPLITUDE PEAKS IN FDF CAUSER BY
SIMULATED D/A CONVERTER CLIPPING.

FIGURE 83 AMPLITUDE DISTRIBUTION OF NARROWBAND
STIMULUS SYNTHESISED FROM SINUSOIDS.

AMPLITUDE
POF

ANPLITUDE

FIGURE 94 SPEECH-LIKE DISTRIBUTION OF STIMULUS '
SYNTHESISED FROM MODULATED SINUSDIDS. - i
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wsing an eight pole Buttervorth filter prior to modulation. It im
proposed that further work would be useful to find a readily implemented
scheme to generate the bandlimited envelope.
A more complex envelope is readily found to give an approximately Gausslan
7 POF's ati by tic stimuli

PDF. However, the
may be more suitable for building-up the gamma distribution.

5.4 Preliminary Comments em Havdware Test Sets
Before serious hardware design can be undertaken, it:is desirable that a

few points be igatel. These points-include'mainly the use
of Filter types more sultable than the Buttervorth, suitable modulation
for the tic stimuli in'Section 5.3, and
i of the o and ical ies required

of the stimulus to give good correlation between measured-and subjective
evalutions, as dlscussed in Sectien 2.3,
‘Hence the hardware sources outiined in Figures 35 to 37.are speculative.

SETMULUS IN 12 BIT
ROU. D/A
CONVERTER TEST
16 k words STINULTS
12 bir vords
CONTROLLER
MICRO~
Pigure 35 Source with Stimulus Stored in ROM.
RAY /4 ANALOG
16k * 12BI1S] CONVERTER ™| BILTER |
noM MICRO-
GENERATION {—| PROCESSOR
ERQGRAM. (COMPUTTNG)

Figure 36 Source with Off-line Caleulation of Stimulus
Sequence.




" only Bk-bits of ROM, (Barna and Portat, 1973, p 40B). This approach would
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ROM
SINE TABLE
8k BITS : -
MICRO- - D/A
PROCESSOR CONVERTER
ANALOG
FILTER I
ROM
PROGRAMS | a) envelope

b} control
¢) modulation

Figure 37 i Source.

Erasable 3708 PROM's are currently available at about R10 for
8k-bits. Hemce the EPROM cost in Figure 35 would be about R240, but only 2
modest single chip mi would be Also, “the ROM cost
would be less if non-erasable types wexe used.

" Referring to Figure 36, ‘the feasibility of genmerating the stimulus
sufficiently fast has bot yet been proved, but the filtering is about
equivalent to that necessary'on the receive side for any system, Filtering
may be done more slowly, and the RAM might be required in tha receive
section anyway. The Limit on-test @uration would be around eight seconds.

The sinusoid look-up table of Figure 37 may be fmplemented in

be the most sittractive if the receive side filtering could be done in real- \
time. The two receive side filters could easily be implemented in ‘
parallel, and each is v ble o pipeline i
architecture. This is, «! yet, merely a proposal for future work.




" both POF and second order statistical properties, but also the conceptually
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The purpose of this section has been to suggest some perspective 4n

terms of hardware, and further speculation is unwise.

5.5 Noise Sources for Future Work
As indicated in Section 2.3.2, an early cosstralnt in the present work was
to investigate the usefulness of Walker's zero-order Markov source
techniques in QD measurement. It is felt that this specific investigation
is now sufficientiy to be Walker (1978) nas
recently described technigues for n~th order Markov sources with prescribed
POF., These techniques are particularly suited to the comstruction of
hardware sources. Future work on QD measurement stimuli will necessarily
have to consider not only Walker's recent techniques which allow control of

as et

distinct technigues of Broste (1971} and those of Pelge, Holliday and
Bhagavan (1973).

Walker's technique involves transition probability sampling as an
extension of the technique adopted in the present work. Compared with the
very stri power spectral evolved in the
prasent work (Section 4.6), only very limited control of the noise power :
spectrum has thus far been demonstrated by Walker to be practicable
{Walker, 1978). There appear to be no present indications that the real-

‘time computation of stimulus sequences will become cost competitive with
stimuli stored in ROM. Consequently, future work will meed to admit for

consideration techn: ques
Walker's, but which hold
Broste (197% an
technique of ‘operatii
by a linear transformat.
4s transparent that this

which are computationally ‘far clumsier than
<t prospects of rigid spectral contral.
*1i and Bammond (1975} have used the different
‘weor of independent Gausslan variables first
strix and then by a non-linear transform'. It
is & process of linear filtering to shape the

B power spectxum, and then a non-linear gain to distort the Gaussian POF to
the desired PDF. It is felt that this technique is unlikely to be very
useful for test stimulus generation hecause of the need here to limit

i signal bandwidth strictly. Fowever, future work would usefully establish
] this point .rigorocusly. .

3 Polge et al (1973) have described a different technigue called

i corzelation txansfer. The technigque requires two ssts of sample values to
be generated. One set is an ordered set having the desired probability




}
i
i
i

e

set, rather than directly forced upon it.
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distribution, but with the sample values arranged in nom-decreasing order.
This set is readily constructed, The second set is reguired to exhibit the
correlation properties prescribed for the ultimate output seguence, but may
have any convenient PDF. The correlation properties of the second set are
‘then transferred to the first by re-ordering the values in the first set.

This method further in studies.
¥ to aly evaluate this transfer

Much of the
technique has been provided by the present work. The second set mentioned
above corresponds directly to the stimull generated in the present work.
It appears, however, that the correlation transfer process descrihed is
'loose' in that the correlation properties are merely induced in the fixst

It is emphasised that the above investigations are motivated by a
1 1 in i the .solution to the {3 il

desire for
measurement stimulus problem, The practical solution will almost certaisly

be based on the ¢ ussian stimulus algorithm proposed in Section 5.2.

5.6 fhe Test System Sampling Prequency . ; :
In Section 2.5.2 &t was shown that the analog £ilter following the .
stimulug /A conid be omitted from the test
set. This stimulus filter wag 1y in the
simulator packages by locking the test set sampling frequency to the
sampling frequency of the PCM system. All the simulations of Chapter 4
were performed using a common sampling freguency - nominally SkBz.

The common clock and implicit analog filter are very convenlent for
laboratory work. In future work where a dedicated hardware test set is C
closer to Finalisation, howsyer, it is necessary to incorporate anaiog :
£ilter clxcuitry as motivated in Section 2.5.2. ‘Furthermore, it would then
be wise to avnid any Limitations of having acoess to, or knowledge of, the
PCH’ sampling frequency. An anti-aliasing filter at the {nput of the

receive side of the test set is anticipated, incidentally.
Moxe importantly, however, the test set sampling frequencies are then ;

available as design paxametars. On the receive side, the sampling

’ frequency is determined by ‘the upper limit of the nolse measurement band.

‘This limit is dictated by the lowest BCM system sampling freguency with

which the tester will be expected to cope. For speech link testing, the

test set receive side sampling frequency cannot sensibly be made much less

‘than 8kHz. This parameter cannot be used to reduce the computational

effort of the receive side filtering.
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n ng the narrow stimulus, however, it is possible

to reduce £iltering computation by reducing the sampling frequency to some
1,5KkHz Tather than BkEz, This has not been done in the present work, and
it is felt that there would'be d of this in future

work. -

2 in stimulus sampling Ereo ts'a £E of
@i, _tal filtering effort for analoy filtering effort. The emalog filtexr
constructing the test stimulus £rom the D/A converter output does not have
demanding specifications If an SkHz sampling frequency is retained. On the
other hand, a high sampling frequency merely affects the smount of ROM
needed, assuming storage of a -t ROM 1S
cheap.

2 high sampling freguency in the stimulus generator can also be used
€0 reduce D/ converter requirvements. Cattemncle (1969, p 153-158) has
extended Bennett's analysis (1948) of whe combined effects of sampling and
quantising, and gives results for encoders with uniform quantum size., As
indicated in Section 3.1,2.5, thers is no conceptual differsuce between a
D/a converter Gperating on finely quantiszed data and an A/D converter

operating on a continucus signal. Now, it is'clear from Cattermole‘'s
analysis that the total quantisation noise power is determined roughly by
the data converter resolution. This noise power may he spread more
*thinty’ by increasing the sampling-frequency. Sampling sbove the Nyquist
rate enables the inbdnd noise power to be reduced, and an analog filter can
be used to improve the SQNR. There is=a Idmit to this fwprovement as the
oversampled signal tends towards a continuous time signal with only
quantisation impairment; but more than 1048 improvement is possible.

Within this limit, doubling the sampling frequency will improve the D/A
converter SONR by 3db, as intuitively expected.

In the simulations described in Section 4.5, the stimulus band was
4508z to 5508z and the sampling frequency Skiz. The tesi: set back-to-butk
SNR had a peak value of 62,5d8; and tlile iz close to the minimum regquirement:
of 83iB. Wow if the set simulated were to incorporate a non-critival
analog bandpass filter, the high sampling rate could resdily give a SONR
benefit eguivalent to an extra bit of D/A resolution (6dB). It was on this
basis that a 12~bit was for the D/A converter.

Thexe is the possibility of making the hardware test set frequency

scalable under user contxol,  The analog filtexs would have to be roughly -
tunable for various dlgital secticn sampling frequencies. Iurther work is
necessary’ to evaluate the usefulness of such a feature,

cpw
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5.7 concluding Comments
The purpose of this brief section is to summarise in retrospect the
present work. It is felt that the present work has made a staxt towards
the following activities.
i ; (a) Formally establishing the nature of the guantisation distortion
measurement problem in PCM systemz, by reviewing the yxelevant
literature available apd stating the mezmurement reguirements

explicitly.
{b) Proposing that time domain stimuli be
also.
{c) Provision of simulation tools ko' aspects of oD s

measurement systems. A useful Fortran/assembly language inter~
face has been proposed.
Establishing the small importance to OD measurement of scphisticated
pseud dom source for prescribed distripution.
{e} Establishing design paraueter values to roughly outline a
feasible test system based largely on digital technology.
{£) B tic test has been and initial
simulation tools provided to ?Valuate this.
{g) ‘The genexation of gamma distributed rather than accurately i
Gagssizn stimuli has been proposed. The difficulties of
3 generating such stimuli have been illustrated, and the erzox .
incurred by the wuse of a Gaussian stduuius has been calculated.
' ) & has been whereby tent i dan)
stimuli may be used for measurements;- the parformance for gamma
distributed signals may then be inferzed without explicit
syathesis of these signals. This is the most lmportant section

{d;

i of the present work.
T (4} Embrys facilities have been established for laboratory hardwaxe
tests. and of an encoder have been

i constructed to enable measurement of noise other than that due to
guantigation.

{3) The non-applicability of the central limit theorems to £iltering
of non-Gausaian signals has been suggested ‘and demonstrated.

i This has poged a 1 as to the 1 basis

i of QD measurement.

It is expected that many of the concepts of Qb measurements will find
widéx application in 4 4 of completely ‘analog syste i
crogs~over distortion in amplifiers is not well measured by sinusoidal

stimulug, for example.
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AIPENMIX A: A IABORATORY PCh SYSTEM

A.3 Introduction £o the COMDAC PCM System
The system described here was developed because the need arose to make
of a pulse

measurements of the quantising error
code modulation (PCM) communications system.

In order te maximise the flexibility and convenience of these
experiments, the system has been as a Nova
In so doing, it bas become possihle to create a system of sufficient
flexibility to be of interest as a geperal purpose &xperimentai tool,

comparable to the other data converters in the Wits Acoustic Instrxumentation

rack. Consequently, an additlonal aim of the system is to allow maimum
diversity of use of the central components.

The Systen is built around two COMDAC companding digital to analog
comverters. These converters, as well as skeletal applications circuits
and i of cireuit tion, are outlined in the Preeision
Monolithics Incorporated data sheet DAC-76. The subseguent system
desoription aysumes reader familiarity with the DAC-76 data sheet.

R.2 gaplwsre Brchitecture

Because of the incorporation of two COMDAC's, the system may be conceptually
divided into two data convexsion channels. These will be referred to heve
as 'channel A' and ’channel B'. The channel assignments are such that
channel A, for example, is always associated with a particular COMDAC.

Each channel is capable of operation as an analog to digital data
encoder, or as a decoder, or as one of a muwmber of other functions. A
nysten design goal was to make each channel independently configurable &
any cireuve function within the set of capabilities. The configuration
state of the system has been referred to as the ‘mode’.

A3 Hodes of operation

The system mode is determined by Nova software and is written from the Mova
to a mode lateh in the system. Each channel may perform oue of the
#ollowing functions :
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Figure Al Functional Blocks in the PCM System Hardware.

49

(a}

companding encode of analog input to digitsl data, with 8 bit output
wordlength. Digital Qata may be read into the Nova in parallel from &
latch at the end of each sample conversion., Altexnstively, it is

available as serial data during the O

Companding Qecode of digital data to analog sample and hold owtput,
with 8 bit data wordlength. Digital data may be output in parallel
from the Nova to a decoder latch. Alternatively, he data may be

accepted serially, say from the other channel -acting as an encoder.

H
1
|
]




{c) Extended range companding deccde, with 9 bit wordlength. Digital data

must he output in parallel form from, say, the Nova.
3

(4) Digitally controlled analoy , with 1 ic step
Attenvator setting is latched from a parallel data source of up to 9
bit wordlength.

The *Continuous' Mode
For each of the or the may be

either by external clock or by Nova input/outp
control signals under program contwol. Tne particular triggering cource
. need not be specified in the mode control word, except when neither of the
above classes of trigger signal is to be wsed. This occurs whem it is

desired that a channel should act as an encoder which starts to convert the -

next sawple as soon as it has finished encoding the present sample. This
‘continuous' mode allows the system to run at its maximum.conversion rate,
which is just over 50 000 samples per second.

The continuous mode is very convenient for initial debugging of the
system. BAlso, the contiuuous mode may be used to getierate an autonomous'
PCH system for cases where only the analog inmput and output need be
aceessible,

It should.be noted, ho that the odi e both . -
input-sample and hold channels at the same time, and both ontput sample-and
hold channels at other times. Hence if one chamnel is set to continuous

opexation, then there are sensible restrictions on the operation of the
other channel. .

2.3.2  Mode Control Words
The f£irst step in using the system is to load-the 8 bit mode control latch
with the desired mode control word. A four bit per channel mode representation
was chosen partly because it facilitates user specification of desired
wode, but primarily because it yields economical but logically segmented
hardware.
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The mod= control word is made up as follows :
18B EXTERNAL DATA (DECODE} B
SEND (ENCODE) B
ONTTNUORS OPERATION B
ATTENUATOR B
EXTERNAL DATA A
SEND A&
CONTIRUOUS A
MSB ATTENUATCR R

The options required are selected by making those bits logical "ones".

Some control bits can override the effects of othex contxol bits, as
will be apparent later. A table of some modes is provided and this should
suffice for most applications.

A.4 circult Description

vircuit diagrams of the system are given in Figures A2 through a12.

These diagrams serve only to describe the system. Construction and
maintepance details are detailed in the Wits Acoustics Instxumentation Rack
laborstory handbook. Where a section of the circuitxy is shown for one
channel enly, it may be assumed that, the other chanmnel is similax. The
headings 'Analog Board', 'Digital Board One’, and ‘Digital Board Two'

refer to the physical boards on which the circufltry has beem built.

a4l Hody Switching
The mode lateh and associated circuitry is shown in Figure AS. -an
inverted representation of the mede control word is placed on the Nova data
bus lines DATA & through DAYA 15. These lines are inverted again in the
systen, as shown, and applied as inputs to the mode control latch. These
Gata are then loaded into the mode control latch on the negative edge of
the DATO.C pulse from the Nova. Gate G5 emsurxes that.only DATO.C pulses
addressed to the experimental section device code by'a low PEV.SEL are
used.

Gates Gi, G2, 63, and G4 were found necessary to 'deglitch'
‘the DATO.C line and stop spurious mode changes. Gate G4 output will
remain logically low unless a pulse appears on DATO.C which is longer
than the delay through gates Gl and G2 in series.

It will be noted that only the i i A OR

®' is used, as is accessible at gate GJ output, Zhis is a compromise of
desized system flexibility, but was unavoidable because the board edge
gives a 1 of 43 This limitation vas a

W

PP

PreS—
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major the physical board design, and accounts
for the multiple gemeratioi of logical variables at various physical

locations,

Bh.4.2 External Data Qpexation
The ‘external data' bit for each channel controls the porition of a mine

pole, two way data selector 'switch'. ¥his data Selector is shown as UL,
U2, U3, in Figure A4, The data selector allows one of two Sets of data to
be applied to the COMDAC digital inputs.

When the external data bit is logically ‘high®, data held in a latch
are ap jlied to the COMDAC for digital to amalog copversion. This 9 bit
latch 1s shown as U5 and part of U4 in Figure A5. The latch may be loaded
.via the Nova data bus lines DATA 7 through DATA 15 and assoclated inverters.

The latch feeding channel A is loaded by a DATO.A pulse AND-ed with
the device select signal by gate G6. The channel B latch is loaded by a
DATO.B puise AND-ed with the device select signal by gate G7, as is shown
in Figuve A7. These latches are both effectively latched on the negative
edge of their respective DATO pulses. For channel B as in Figure A7, the
9th bit is held by a positive-edge triggered 7474 flip-flops so gate GB has
been used to invert the clock waveform. Ineluding the gate used to filter
the DATO.B line on the bus terminater caxd, this gives a total of 3 gate
delays between DATO.B negative edge and 'the clocking edge £or the 9th bit.

It should be noted that when the external data bit is high for a
channel, then the operation of the COMDAC 3= determined. It is then
independent of the state of the send/receive bit and the successive
approximation logic. Oniy the timing of the analoy output sample and
fold need then be checked. This timing relative to the data latching may
be checked via the 'sequence' flags, as im detailed later.

When the external data bit is wero, the circuits of Figures B2 and
A4 revert to an implementation similar to the serial data transceiving
converter shown in the DAC-76 applications notes.

A.4.3 operation of the Converter Section
wach of these circults is shown in Figures A2 and A4, The tri-state
gating within each serial data transceiving converter is not the same as
that shown in the DAC-76 applications note, but has a broadly similar
function. This is detailed latex.

i
§
i
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Réded within each converter circult are six CMOS bilatexal switches.
Refer to Figure AR. When the chamnel is encoding, or is decoding serial
data, the switches are normally set as follows :

SWt and sw2 closed,

5W3 and SWé open,

SWS open and SW6 closed.

This gives normal converter operation.' Switches SW1, SW2, 5W3, and
504 are used only for currest steering, There is consequently no sifnal
modulation due to their finite ON resistence.

The following switch settings are usual hovevex,. when external
parallel data are to be decoded {external data bit logically 'high’).

SWE and §W2 open, .

SW3 ‘ahd SW4 closed,

SW5 open and SW6 closed.

Ihis allows extended rangs (9 bit) decoding which inciundes normal (8
bit) decoding as réquired.

During encode operation, the converter imput (point-A). is fed from an
input sample and hold circuit. This sample and hold (Ha2425) can bs used
to also provide an 1 amplifiex 4 The.'input sample and
hold circuit provides an overall gain of k to bipolar analog input signals
of up to ten volis peak. The differential input facility hao been
rreserved becaus¢ millivolt differences in'the input signal are significant.

The values of gain @efining’resistors were measured with a-digital

wmeter and resistors selected to give precise ratios are shown with
suffixes.

No bias ourrent exror cancelling resistors are shown in the feedback
loops of the unity gain followers because these are within the overall
sample and hold feedback loops. Thesze are, in any case, merely symbolic

ons of the hold buffers which-are inaccessible within
the Ha2425 package.

A hold capacitor value of 1000pF was chosen. The encode gonversion
is complete well within 20 ns of the hold command. Hence the sample value
held wey be expecred to change by less than 0,14 uv.

Buring decode operation, the output sample and hold is used to provide
also the differentir ¢urrent to voltage conversion. The use of a sampie
and hold for this function limits -the output voltage to above -5 volts,
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if the compliance voltage specifications for the ISD output are to be

strictly met, Hence an output range of + 5 volts was chosen.
The 1000 pF output hold capacitor is about the largest possible value

which would allow a 50 kiz PCM sampling rate. This capacitor may sppear

small for infrasound work, but its charge may be refreshed by pulses on the

TOPLS or EXT 2 lines, as long as the COMDAC digital inputs' are held steady.
The output sample and holds initially exhibited intermittent instability.

This was caused, of course, by the parasitic capacitance between point C

and ground - as contributed mainly by the series diode and zener diode.

The resulting one volt rough sine wave cutput at about 2,5 MHz fundamental

was not directly andible, Hence the 22pF capacitors were added to shunt

the & resistors, and are

a4 The Serial Data fri-State Gating
Refer to Figure Ad. The purpose of the tri-state gating netwsrk is to
xoute the seris , data appropriately depending.on *he combined send/receive
states of the two ls. It is y o have a serial data
bus for each of the channels,. so that they may both encode siaultaneously.

When a channel is encoding (send/.ceceive biz logically high), it
impresses its serial data onto“its own serial dasta line, ‘via an enabled
gate G10. The channel . (SAR)
sollects the serial data from the serial data line of its own channel, via

an enabled gate G11.

When a channel is decoding serial data, it:feeds its suceessive
spproximation register input via .an enabled gate Gl2. Gate G12 has
collected-this data from, say, the serial duia line of the other, encoeding,
channel, In the decoding channel, gate Gil is disabled. . Tri-state gating
s convenient. because the outputs. of gates GI1 and QIZ can both directly
feed ‘tha SAR.

Considerthe vase‘where ane channel “is encoding, and the other channel
dncoding the serial. data. It should be noted that the delay between the
enecding comperator output and the encoding SAR data imput is equal to the
delay between that comparator output and the decoding SAR data input. This
i5 of great:importanwe, for the following resson. When the encoder is
encoding'a sample value which 'is near the bouwsdery between two encode
quantum intervals, then the comparator output may oscillate extremely

zapisly (20 nanosscond pexiod, say) during ene clock cdycle of the conversion.
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The two SAR's are clocked by a common clock. In arder for both SAR'S to
clock in the same data under the shove circumstances, the path delays to
; the two SAR's should ideally be exactly matched (amd the receiving gate
: logic thresholds). These paths have been implemented with equal numbers of

each type of gate.

A.4.5 The Protection Zeners
Retexr to Figure A2, The Séxies diode and zener diode were connected at

poiat B and at point C as safeguerds that the signal voltages at these

: points would not go below about ~ 6 wolts. These were felt to be necessary

£ because of the use of sample and holds on the COMDAC cuxrent outputs.

. Assume, for example, that a 10 volt peak sine wave at the imput is
befng sampled at the Nyquist rate and coincidentally at the pesk values.
Sample 1 may then appear as +5 volts at point A. At the end of the encode
sequence, the Ty, cutput will be sinking about 2uh ~'and will try to
contimue to do so until the successive approximation register is started
sgain. fThe input sample and hold may then be Set to track the input sigpal
in order o acquire the next sample., “The voltage at point A may thus be
around -5 volts with Tf, still attempting to sink 2 WA through 2,5 kiloha.
This condition may last about 7 us before the succsssive approximation
register starts again. WNow the absolute wmaximum rating for the voltage at
Tf, s V- plus 8 volts, in this case -7 volts. Hence an unpxotisted scheme

N would be ‘th. unsatisfactozry, even if the user always hepr this input
voltage within the legitimate limits.

However, the possibility of improper aperation is an additional
compelling reason for the zener protection. It is possible, under various
circumstances, for the output of the sample and hold {point A) ‘to go T

y considerably more neyative than -7 volts, say down to -14 volts. Although
i the precisa internal cireuit details of the COMDAC are not available, it is
: to expect failure of the COMDAC under the above
circunstances.
The CHOS switches SW1 and SW3 are also protected hy the zeners. The '

switches have power supply voltages of +6) wolts and -Ghvolts, and the
signal must stay within these llmits.
The serfes diode and zener giode at point C kesp the voltage at this

point from going too far negative. They operate, for example, when the i

analog output is holding at =5 volts and T, is then required to sink 2mA. 7

i
t

st L e b e
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A.4.6 Attenuator Opsration
Refer to Figure A2, When a channel is to be used as a digitally controiled
attenuater, the CMOS switches are set as follows :

BW1 and SW2 open,

sW3 and SW4 closed,

swW5 closed and SW6 opet.

This i5 achieved by setting to logical 'émes’ in the mode control word
both the external data bit and the bit. The setting
can then be latched in exactly the same way as external Jata is latched.

an effect of the logically high attenuator bit is “to cause the output
sample and hold for that channel to'be kept in the sample state, f.e, to
track the signal, This is shown dn Figure 6. The attenuator then
operates like the scheme in the DAC-76 apul. ions note, by modulation of
the COMDAC reference cuxrrent.

The analog sigpal input to the attenuator must be kept within the
pover supply voltages to switch SW5, say + 6 volts.

Switch SW5 isolates the COMDAC from inadvertent modulating effects
Guring mormal encode/@ecode operation. The 1,5 megohm resistor on the
attenuator input is to protect SW5 from static ecectricity damage when this

switch is open.

Switch SWE is closed Auring normal encode/decode cperation. This
leaves about 20 kilohms from Vi on the COMDAC t0 ground, a s required to
balance the input bias current offsets on the {OMDAC reference amplifier.

During attenuator operatio: - tpwever, switch SW6 is open. This will
cause some small DC offset of t'\y sttenuator output, but is'unlikely to be
important as the attenuator is A.o. coupled at input anyway. The opening
of SW6 does, however, considerably extend the.lower freguency range of the
attenuator. The attenuator dmput coupling then has a 1/RC value of about
50 Haz.

~ The CMOS switches are all contxolled frow the mede contxol latch. ‘The
circuitry which interfaces this TTTL. latch to CMOS switching levels is shown
in Figure A3. This figure also shows the circuits used to derive supply
voltages suitable for the CMOS switches.

A.5 System Timing
The primary purpose of the system timing scheme is to ensure that the input

and output sample and holds are caused to sample at suitable times relative
o the start cr finish of a A 1 of the

s¢heme 1s shown in Figure a6.
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An encode conversion may be started by an external TTL compatible
clock EXT 1, or by a Nova input/output START. pulse addressed to.the system
device code (44 octal). Alternatively, if either channel is set to

mode, a new is initiated at the completion

of a conversion as indicated by GG going logically low on the SAR.
Monostable T1 is fired at the start of on encode sequence. The input
sample and holds of both channels are allowed to acquire ‘and ‘tvack the
inputs for a period T1,' about.yus. .If either channel is mot encoding, then
i this will mot.affect it. It is noted that both encode channels sample at
the same time instants. * This is not-expected-to.be a great: limitation
In genexal as the conversion time of less than 20 us will probably allow
. i The § output of monostable Ti is used

to contzol, the Ha 2425 sample and holds as these sampie on a“logically low
control input.

As the input Ha 242573 are switched to hold mode, monostsble T2 is
triggered. fThe { output of monostable 2 starts both the SAR'S on the next

conversion clock low to high ition. The clock is quietened '
: during the input sampling period T1, via the Q output of wonostable Ti,
Hence the i clock and e T2 are forced locked with any

arbitrery sampling frequency applied at EXT 1 or START. fThis is shown in .
Figure Al2. The circuitry used to implement the input timing'and conversion
clock is shoyn in.Figures A7 and A8.

Referring again to Figure #6; the-output sampling gateis opened for
time P4 at the end of an encode serial data decode sequence. Hence for
many PCH modes- it is not necessary'to provide an additional stimulus for
the roceive sample and hold. However, when Secoding paralliel words, the
precise timing of decoder outputs may .be centrolled by an external T9I,
3 compatible:source EXT 2, or by .a Nova“IOPLS addressed to the system. These
signals may also be used to periodically: refzesh the  voltage held by the
L hold + The impl "Ls shown .in Figure AS. Note that time ;
; 74 must be Less than T1. :

5.6 Software Readable Flags
Refer to Figure 9. Each channel has o sequence £lag  This s useful vhen

using the channel to decode a series of parallel words. A set-reset (S-R)
£1ip~flop is set each time & word is latcled for decoding by the LATCH A

i
¥

{or B) signal. fThe S-R flip~flop is reset when the decode vutput is
entered dnto the output sample and hold by an EXT 2 or IOPLS signal.
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I€ two successive words are latched without an intervening EXT 2
or IOPLS signal, then the sequence flag goes high. The sequence flag is
the D-type £lip-flop, The flag will rewsin high until there occurs an EXT
2 or IOPLS signal followed by a latch signal.

The seguence flag Soes not check the absolute timing of the latch and
EXT 2 or IOPLS signals. If.an EXT 2 or IGiLS signal is followed hy a lateh
signal 4 to 5 us later, undetected faulty decoding may occus. This is
becaine the output sample and hold samples for 5 us {time T3) and the
COMDAC requires % us to settle,

The usual Nova peripheral-busy and done flays are associated with
encoding channels. Refer to Figuce Al0. The busy flag is set only by a
Nova START pulse. rhe busy fiag is reset and the done flag set by the

edge of the lete OC.signal.
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APPENDIX B .

A _12-BIT DIGITAL TO ANALOG CONVERTER FOR THE NOVA COMPUTER

B B.1 Introduction
2 This qnit provides a single chasnel sign plus 11 bit digital to analog B
rack,

conversion. It is a later ir the
and could not be assigned a single unigue deviee code in the zenge 41y o
4Tg. 1y, it uses combinetions of device code and Rova imput/output
i control signal which are not used by the other devices in the rack.

The unit also incorporates a few more timing control elements than

. would be necessary for its operation alone, These elements allow, for
Pl of the of the digital to analog converter
with that of the experimental FCM system and the MP6912 analog to digital '

converter.

B.2 cCircuit pescription

The circuitry is shown in Figure Bi.

Double buffering of the digital data

is sed.

“he first buffer may be loaded by a DATO.B signal from the Nova

to device code one (41g). This loads latehes Ui, U3, and US via data lines ;
2 DATA 4 through DATA 15 and associated inverters. First buffer loading may

E also be initiated by EXT 1. .This may be used, for example, to load the D/A

: directly from the MP6912 without using a Nova accumlator. :
: The contents of the input buffer may be transferred to the output :
buffer by a START signal Erom the Nova to device code 3. Altermatively,

the transfer may be effected by an EXT 2 pulse. An adjustable delay is

Provided so that the buffer transfer occurs a time T, after the positive

sdge of EXT 2. A TRIGGER OUP pulse is slso available, This signal goes
logically high st a time T, aftex the output buffer has been updated, and ;
zemains high for time T;. It may be used, for example, L. trigger a fast
sample and hold circuit if the settling time of the ADS63 and 7418SS is too
long.

i By changing the jumpering of SW1 to BC, every secend EXT 2 pulse may
be used, One possible application of this is to drive EXT 1 from the T

i cutput of U7. This will allow the converter to be run off a single

sxternal clock source.

Flip~flop UB is a flag which may be read by a Nova DATL.C signal with
The flag 18 set when the first buffer is loaded, The e
flag is reset when the contents of the first buffer are transferred to the

device select 3,

i
|
|

output buffer.
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considerable care should be taken in user routing of the analoy output

The output-range is 10

1s to be realised
volts, giving an output step size of less than SuV.

signal Lf 12-bit
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The 12-8it Digital to Analog Converter Circuitry and

Associated Timing and Tontrol Circuits.

Figure B1
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APPENDIX C

c.1

This board i
plus sign analog output.
bit outpnt.
previeusly described in the Wits

i e R
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A REVISYON OF ThE DUAL 10-BIT DIGITAL TQ

ANATOG CONVERTER FACILITY ON THE NOVA COMPUTER

Introduction

Manuval,

€.2 Third chamnel Cix,

The single bit output (Z)
channel may output a gated oseillator signal.
wave output at TTL levels.

two D/A

Each channel gives a 9-bit

Rack

There is also a thixd channel, and this has a one
The board is a re-engineered version of a dual 10-bit D/A

4

only the third channel eircuitry introduced on the present board
will be described.

seription

which does not oscillate.

plotter,
with a 180°

plug

7 value Z_output

& (Binary) TTL Low Level

w1 ITL Bigh Level

1P TIL High Level

11 TIL Ossillator oubput.

. snnel. is programmed by two data bits. The Z
The oscillator has a square
he % channel may also output a TTL level

Alternatively, the Z channel may operate the pen lift on an E-P

This is selected by plugging in the 8 pin DIL jumper select

frow its

for TTL. oubput;

The plug is

shown as select switches SWi and SW2 iIn Figure C2. Monostable TX allows

‘the plotter to slow and settle before firing wonostable T2 which drops the

pen for a short time.
The oscillator is based on a 7413 Schuitt triggered NAND gate. The
7400 NAND gates form a single pole two~way data selector switch.

a0 g
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APPENDIX 0 SIMULATOR ANG HARDWARE TESTING SOFTWARE

FOR_THE NOVA COMPUTER

4 D.1 PROBSPEC
¢ = =
£
c PROGRAN TO ENTER ARBITRARY TARGEY POF.
INTEGER IE(512)
DIMENSION E(S1Z),X(101).XP{101)
AREA=0.0
c RGEN OUTPUT MAX 1D BITS ALLOWED FOR.
BG 21 I=1.i01
X(11)=10.0
21 XP{I)=0.0
Do 22 I=1,512
2z E(11=0.0
EALL FOPEN{1,"PDATA")
YRITE(10,508)
508 FORMAT(/, DO YOU WISH TO ENTER NEW SET FROB DENSIT
Y FTS?T.
$ /o7 12YES', /)
READ(11)NY
IF(NU.NE.1) GO TO 29
30 HWRITE(LC,500)
500 FORMAT(/,' ENTER NO. OF EXPT PTS IN +VE HALF,YOTAL
NO. RANDOM
N % VARIABLES REGD.7,/}
READ(L1INM
IF(M,GT.2¢%10) G T¢ 30
IF(N.GY.101) GO TO 30
WRITE(10,5081H
508 FORMAT(® ENTER X(X) XP{I) ON NEXY ’.I3.7 LINES.”
Za
00 23 iI=i.N
23 READ(L1IXCI) (XP(I}
WRITE(10.502)
sen FORMAT(/,' ENTER RERD XHAX OF OUTRUY.’,/)
READ{11)XHAR
4 NOW BUILD UP DISK FILE "PDATA"
WRITE (1 SDIIN, M. XMAX
o903 FORMAT(7R /13,64 144X, F7.2}
00 32 Je=4,8
32 HRITC(L,504IXCI) A XPCEY
3504 FORMATIIOX,F7.4,6X FB,5)
CALL FOLOS(L)
69 TO 3t
29 READ{ L, SO9IN B, KHAX
509 FORMAT (AN, T3+ 6X T4, 4% F7.3)
DO 33 X=i.N
33 READ(L «SI0IX4TY, X (1)
S10 FORMAT (N, FT .4, 6K, FB.B)
CALL FULOB(1Y
3L CONTINUE
€ INFUT DATA NOW READ. .
T CALCULATE DISCRETE PROBS. RERD.

C DISTRIBUTION ASSUMED SYHMETRICAL. i

-
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H=M/2Z

D=XMAN /Y

KKe=i

KRI=KK+1

BO Z6 I=1.M

I1=3-1

1 IFCCIT#D BT {X{XKI)+R/3. 013060 TO &

| % SLOPE= {XP(KKI}~XPLKK) ) FIXIKKTII-X{KK))
% E(l)= (XP(KK)*SLOPE*(II*D-X(KK)))
1

+

<

4

E(I}=E(I}*D
AREA=AREA+E(X)
GC TO 24
i 5 KK=KK+3
\ : KKI=KK+L
i . G0 TO 4
26 CONTINUE
; AREA=AREA-E(11/2.0
k) E(L1i=6¢(1)/2.0 i
WRITE(10,103)AREA H
: 103 FORMAT("INITIAL AREA EQUALS ",E12.4)
: AREAN=D, D
FACTN=L.0/AREA
PO 27 X=1.,M H
E{LI=E{I)#FACTN H
27 AREAN=RREAN+E(I}
i WRITE(10,106)AREAN t
‘ i 108 FORMAT(® NORMALISED AREA EQUALS  ':E12.4)
- b £ RUANTISE TO INTEGERS.
: b AREA=0, ODD ¢
; RANGE=32768,000
: DO 35 I=L.H :
k E{I)=R{1)*RANGE \
K=E (1)
KaX4l
AkEA=AREA#K
35 I1E(I)=R
AREA=AREA~RANGE
K=AREA
. K=IA8S(K)
” IF(K.LT.1) GO TO 37
MRITELX0,.515)AREA
..511,1 o EORMAT (/¢ ERROR IN REAUIRED.PROB.SUNMATION= .’ cFB
2irly
K* ' CORRECTION BY HAND? 1=VES. 7./}
READ{IOL

i
¥
H
|

T

IF(L.EG.1) GO 7O 37
; K73 !
i Tp=aren i
: 18=1A/
] IFiLLT. 1) 50 7039
H DO 38 I=1;L '
: IE(IV=1E(1)-3418
: 38 1A=1A-3518
; 39 L=Ls1
14=1ABS(I8}
IF(1A,EQ.2) JE{LISTE(LI~241S
o IFUIAGER. 1) IE(LI=IE(L}~IS
¢ SIGHA IE NOW EQUALS 32768
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OUTPUT IE(X)

STORE REGD FROBS ON DISK FILE "ROGFROB“.
CALL FOPEN(2,*RGPROB

HRITE(Z,505)H

FORMAT(L1X,I4)

¥ OMUST/SHOULD BE A MULYIPLE OF FOLR,
M=t/

DO 24 J=1.H

I=f¥J-3

A=1+1

IB=I+2

IC=143
WRITE(2,5046)IE(1), IEA(TA), IELIB) . XE(IC)
FORMAT{AX 444X, 16))

CALL FCLOS(2)

WRITE(18,867)

FORMAT(/7:" PROBSP3I NOW COMPLETED. './}

END

B.2 ALICUY
o

COMPILER DOUBLE FREGISION
PROGRAM TO FIND THE ALIAS AND CUTOFF VALUES
FROWM THE REQUIRED PROBABILITIES,
INTEGER R(1024),F(10243,C,0
INTEGER AC1024),NsKsL
FORMAT (10X, T4)
FORMAT (44X, 161}
FORMAT {1X, 404X, 143)
FORMAT(//+'  ALICUT:I GOMPLEYED, ', //}
GALL FOPEN{},"RGPROB"}
READ{1,100}N
H=NO. of ABSOLUTE VALUES OF VARIABLES REGD.
NOW ENTER DESIRER PROES.
READ(L,100LIKBIT), =1, M)
CALL FCLOS{1)
RANGE=32747.000
G= (RANCE+1 QDo /N
INIT!ALISE ARRAYS A,B,F
0G L J=
Atdr=y
FivimD
BiJI=B{I-C
, FIND THE LARGEST POSITIVE AND NEGATIVE DIFFERENCES
AND THEIR POSITIONS IN ARRAY B.

2 I=i»

T

B=U

DO 3 J=iaN

!F(BlJ) GT.C) 60 TO 44
O=pld)

K=J

i
!
!
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80 70 3
- 44 TF(B(JI.LT.D} GO TO 3
; : D=B{u)
3 CONTINUE
SUN=0.0
DO 45 J=i N
45 SUN=SUN+IABS(RLY))
IFC(SUM) LT, (,1ED)) GO TO & -
c ASSIGN THE ALIAS AND CUTOFF VALUES.
ALK} =L
F{K) ="RANGE 4o »N+1
1 B(K)=0.0
: BLI=C+D
2 CONTINLE
< COMPUTATION OF ALIAS AND CUTOFF VALUES COMPLETE.
107 FORMAT (11X, 14)
b CONTINUE
CALL FOPEN(3,*RNGDATA"} )
WRITE(3, 107N ’ :
NeN/4 :
DO 4 y=1,N :
I=4%0-3 :
IA=1+1
xa=1+2
1C=1+43
4 WRTTE(3, 102)A(1),A(TA), ALIB) - ATIC)
¥ LBO S NN PR .
T=hk-3
TAI+L H
IB=I+2 {
IC=I+43
s URITEL,102)F (11, FUIA) (FLIBYSFLYE)
CALL FCLOSII)
HRITE(10,1D4)
STOP

END

COMFILER DOUBLE PRECISION
GENERATE PSEUDO-RARDOM NOS. WITH DESIRED FREQ. DIS

“0 OO0 On

INTEGER A(§12) i
INTEGER F(S512),.8(1024) H
CALL FOPEN(Z,"RNGDATA"}
WRITE(10,110)
H 110 FORMATL/ /' NEW SET OF INITIAL CONDITIONS REQUIRED
i 7 1=YES,')

READ{(LIIL

IF{L.NE.1} GO TO 4&

¢ ENTER INITIAL CONDITIONS.

WRITE(18,111)
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FORMAT{/, "ENTER MO. OF INITIAL SAMPLES TO BE SKIPP

ED/NO. SAMPLES

RE@D" )

11z
Ab

133

114
115

©a

13

16

118

READ(111L,H
HRITEL10L N

CALL FOPEN{1."INITCOND")
WRITE(L.312)L.H

CALL FoLOS(12
FORMAT(1X .75, 3%, I5)

CALL FOPEN{1+%INXTCOND")
READ{L,£43)LN
FORMAT{IS, 3%, I5)

CALL FCLOS(L)Y
READ(2,114IN

FORMAT (10X, 14}
READ(Z, 159 (ALD) ., I=1,N)
FORMAT (4 {AR-16))
READ(2, 3450 (FIX) I=1,N)
CALL FELOS(2)

INPUT DATA ALL READ NOW.

TALL FOPEN{1:"RANDNOSY)

URITE BINARY (43M.N
SET B T0 ZERO.
IX=N%2

B0 § X=1,IX

BiI)=0

LOOP TO GENERATE RANDOH NUNMBERS.
IH=33

IXK=54

IT=HH

D6 10 I=1,1T

“CALL RANDULIX:IY.Y)

SIGN IS5 PASSED BACK as IX.
K=Y*N+§

CALL RNGU{IXX>IYY)

INX=TYY

IF(FIKYLGT.IVY) GO TO 11
K=R1K)

TFLTLLT(L+1Y) GO TO 1D
K8={K~1} 21X

IX=IY

K=KS+N

WRITE BIWARY (1)KS
BIKI=B{K}+]

CONTINUE

CALL FCLOS(1)

CALL FOPEN(2,"OCCURRED")
K= -
Wene2

WRITE(Z,118)N:K
FORMAT(1X,15.2X,14)
RANGE=32768.000
RANGE=RANGE/M

M=RANGE

<D0 47 I=1,8

B(I)=B{X}xH
B{I) ARE GENERATOR AGHIEVED PROBS.
N=N/&
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DO 48 J=i,N

Is4#d~3

IA=I+1

18=I+2

IC=3+3
MRITE(Z,G06IB(T1),BLIA-RLIRY,BLICY
FORMAT(1X, 414X, 16))

CALL FOLOSE2)

WRITE(L0,120)

FORMAT(/,” RNGEN:I NOW COMPLETED './)
STOP

END

D.3.1 RNGSUS!

COMPILER DOUBLE PRECISION
SUBROUTINE RANDU(IX,IY,¥FL)
A=22037.000

B=53.000

Z 327bB BDD

YFL DFLQAT(IX!
YFL=YFL#A+B
IFLVFLYL. 2,2
YFL=-1.0D0#YFL N
I=2

C=DMOD(YFL,ZZ}
IF{C.GT.2) IX=IX-Z
IX=IX~1
YFL=DHOD(YFL.2)
I¥=Y¥FL

YFL=YFL/2Z

RETURN

END .

0.3.2 PN&SUEZ

moernmameEseSs

A=22853, 000
8=1£001.0D0
2=32768.0D0
YFL=0FLOAT(IX}
YFL=YFLAA+R
IF(YFLY L. 242
YFL=~1.DD0¥YFL
HOD(YFL Y Z)
IY=YFL

RETURN

END
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DuUBLE PRECISION ©{10,5) X{10.5},Y(10,5)
PROGRAN TO IMPLEMENT BANDPRSS FILTERS (3UATERNORTH

WRTTE 10,100y
FORMAT(/,® ENTER NUMBER OF POLES USED FOR L-P PRO
Tl

READ(L1IN

IF((N/2%2}.NE.N) GO TO'L

IF(N.GT.20) GO 70 1

N USED TO SELECT DISK FILE OF CO EFFICIENTS.
IF(N.EG.2) GALL FOPEN(1,*FLTD2

IF(N,EQ.4) CALL FOPENIL. "FLTDé")

IF(N.EQ.4} CALL FOPEN{1."FLTR&")

IF(N.ER.B) CALL FOFEN{1i."FLTD&*}

IF(N.EQ.i0) CALL FOPEN(L,"FLTD1D")

IF(N.ER.12) CALL FOPEN(L.“FLYDLIZ™)

IF{N.EQ,. 143 CALL FOPEN{1,*FLTD14")

REAG{L1 . i01)INH

FURMATA L4

IF(NH.NE, (N/2)) $TOP 8AD FILING.

DO 2 I=1,HH

D0 2 J=i,5

READ{A, 102}V

FORMAT (D25, 18) .

TIT, )=

CONTINUE

CALL FCLOS(1)

FILTER NOW DEFINEO.

SET INITIAL CUNDITIONS TO ZERO FOR FIRST PASS.

00 3 I=1,NH

20 3 J=1,5

X(I,4)=0.000

Y{Y d)= D ann

CONTING

Nou FIRGT PASS THROUGH RANDNOS.

IPASS=1

CALL FOPEN(L . YRANDNOS*)

CALL FOPEN{2,"FLTO*)

READ BINARY (1), NNN

WRITE BINARY(ZIM

DO 8 J=1.M

READ BINARY(1)IS

IF ( (IPASS,EQ. 1) ,AND . (J.LT.H-1000) GO TO 8

SHIFT X AND Y ONE DELAY FOR EACH SECTION.

PO 7 I=i.MH

00 5 K=2.5

K1=7-K
KK=KT
RUL,KI: 5 1%KK)

YII KL =71IvKK) t
CONTINUE

NEW INPUY AND OUTPUT FOR THE
¥(1,1)=18

kY
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" =Y(ID:1)
Y11= X{1,2)~2, 0#X(T,314X(1.5)
VﬁC(IrZ)*V(er)#C(I}E)*V(IrB)*C(I.A)*Y(I.k)*C(IyS)

TNAT B =YLV

YOI, 1=V (L, 11 /6¢X, 1}
CONTINUE
IF(IFASS.EQ.1) GO TO 8
SY=YINR, 1}

HRITE BINARY(2)SY
CONTINUE

CALL FCLOB(L)

CALL FOLOS(Z)
IPASS=IPASS+&
IFCIPASS.LT.IY

BTOP MEQHENEE FILTEREO.
END

)

b.% FILTQ
= =

PROGRAN TO IMPLEMENT ALL-PASS FILTER.
CALL FOPENCA. "RANDNGS" )

CALL FOPENK2, "FLTO™)

REFAD BINARYCIOM, N

HRITE BINARY (23

5o 4 I=t, M

REBD BINARY {1)1S

wPITE BINARY (23
CRLL. FCLOSC(LY
CALL, FCLOS2)
STOP

END

D.& BUTTER

B N ™

COMPILER DOUBLE PRECISION
COMPLEX A.B.U

DINENSION TH(20).C(5)

FROGRAM TO SET UP BIGITAL BANDPASS FILTERS.

USES EVEN ORDER BUTTERWORTH PROTOTYPES AND BI-LIRE

AR REN.

100

YRITE{10,100)

FORMAY(/,7 ENTER SAMPLING FREQ IN WZ. : "./)
READ(11IFS

FO=FS$/2.00D

WRITE(10,101)
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FORMAT(/," ENTER LOWER, UPPER BAND EDGE FREQS IN H

Ze 5 70 1)

4
TOTYRE.

c
SECTIONS.
<

103

READ(113F1,F3
WRITE(10.102)
FORMAT(I:' ENTER REGD ORDER (EVEN) OF LOW-PASS PRO

REGD(!!)N

N=N/2%2

IFIN.BT,.20) GO TO 4

TRANSFORM PROCEDURE * -
F1=4.DDD*DATANLL.DDD}

V2=E/PI2

ASSUME UNITY LAMBDAR TQ CALCULATE XFM CONSTANTS,
A=DTAN(BB*PIZ)

D=1,0D0/D

<ODO*DCOS ((VI+VLY*PI2)
COS{BB#PI2}

=E/F
DECOMPOSE N-TH ORDER PROTO TC SECOND ORDER CASCADE

THEN BI-LINEAR TRANSFORM EACH SECTION.
ED=ExD
EDS=ED%42

THIII=PIZ+PI/N2Z+LTI-1)4PI/N
CALL FOPEN(1,"FLTD")
HRITE{L,103)INH

FORMAT (1K, T4}

D0 3 J=1,NH

Hm=1, 0D02DCOS(THIY) )
Cl1)=DS+D2#X+1.0
0(2)=~1.D*ED*(02+2.0*X)

43
S(5)onse -D2AX+1

NORMALISE HIN-BAND GAIN TO UNITY FOR THE SECTION.
W=V2RPT

H=DCOS(K)

Y=DSIN(H)

U=DCMPLX X, Y)

A=Ur%4~2,0% (U%x2) 41,0

BEE(1) % (UR%4)4C{2) # (UsRTIHC (3% (UXR2I+C T4 XYL (T)
a=a/B

HM=DCABS (A)

DO 2 1=1,5

CAI)SCLII#HN
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2 WRITECE1043€(T) 7
104 FORMAT(1X,D25,18}
2 CONTINUE
CALL FCLOS(1)
STOP
END
[
: c
: ¢
H — [
i C D.7 RESP
13 = wmenn
b .
COMPILER DOUBLE PRECISION
< PROGRAM TO CALCULATE RESPONSE OF BUTTERWORTH &~P F
TLTERS.
. COMPLEX Z:,Y
: OIMENSION €(10,5) H(10}
N 1 WRITE(10,100)
100 FORMAT(/,” ENTER NUMBER OF POLES USED FOR L-P PRO

TOTYPE: '+ /)

E READCILIN
IFC(N/Z%2) .NE.N} GO TO }
IF(N,.GY.20) 60 TO 1

T N USED TO SELECT DISK FILE OF CO-EFFICIENTS.
IFIN.EG.2) CALL FOPEN(1,*FLTDZ*)
IF(N.EG. 4] CALL FOPEN(L,"FLTD4")
IF{N.EQ.6) CALL FOPEN(L,"FLTDS®)
JF(N.EQ.8) CALL FOPEN(L,“FLTD&")
IF({N.EQ.10) CALL FOPEN(1,"FLYDLC")
IFEN.ER, 12) CALL FOPEN(1,“FLTDiZ") . i
IE(N.EQ.14) CALL FOPEN(1,"FLYD14")
RERD(1,101)NH

10t FORMAT(14)
TFINH.NE. (N/2)) STOP BAD FILING.

3 : i0z FORMAT(D25.18)
PR CLI,Ji=y
: z CONTINUE
CALL FCLOS(1)
< FILTER MOW DEFINED.
WRITE(10,103)
103 FORMAT (/" ENTER NUMBER OF FTS. OF EVALUATION OF
i i RESPONSE: '/}
] ] READ (11 )YHP
: WRITE(1D.:560)
3 i 560 FORMAT(/,’ X8 OUTPUT TO BE PLOTTEDY I=YES. I *,/)
- : READ{11)IP
IF(IP.NE,2) GO TO 3 .
CALL FOPEN(2,"PLOT™)
WRITEZ,105)

105 FORMATL’ LRDX 10 iSET RADIX 1O DECIMAL. '}
INCR=1L024/7MP
‘WRITE(2,540) INCR

Se0 FORMAT(* .DEL: ',XJ,” IX-AXIS INCREMENT. ")

WRITE(2,538)
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H

LE.
537
3
c

*(Z}40(T,5Y
=X

4

Ss1
Ty

538
.
196
5"

c
c
t
¢
c
©
4
c

1o
Al

536
’

17¢

FORMA{(’ LPNTR: FMTR ;STORES ADDRESS OF FIRST BAMP

WRITE(Z,537IMP

FORMAT{” ,SIZE: ',I4,' jNUMBER OF SAMPLES., )
PI=4.0%DATAN(L.D)

FOR EACH PT. OF EVALUATION OF H{2)3

DO & K=1,MP

W=FI#(K-1)

W=W/HP

A=NCOS{W) -

Z=DCHPLY(A,B)

FOR EACH SECTION OF H(Z):

DO 4 I=1.88

K=Z¥%4~2,08(Z2%2)+1.0

VeC(I )2 (2454 )14C(Y, 28 (ZRRBI4CLL, 3R (ZR22)+C(T .4}

Y
H{X)=DCABS ()
CONTINUE

AHSAHANLTY

REQUIRE AMPLYTUDE PLOT 1IN DB’S 3

IF(ABS(AH) .LT.0,1E~15} AH=D.1E-15
AH=20.0¥DLOGLBLAR)

SCALE FOR PLOT OF 4208 YO -100DB ¥
IAH=1D0D+10.0%AH .
IF{IAH.LT.O) IAH=0

IFC1AH,GT.1023) IaH=1823

VV=HIPT

WRITE(10,561)VV, AR

FORMAT(/,* Y= 7,F5.3,7 MOD(H}= ",F&.1¢'DB .

IF(IP,.NE.1) GO TO &

HRITE BISK FILE EMTRY FOR PLOTTINGY

JF{K.ER-1) HRITE(2,533)1AK

IF{K.E@.1) GO TO 6

WRITE(2.106)IAH

FORHAT ('  PNTR: 7,14, FIRST DATUN TO BE PLOTTED

FORMAT(Y2,15)
CONTINUE

L LIECIRLEQ. 19 CALL FOLOS(2) ...,

8T0P
END

D.&8 QUANTO

sm=smaes

PROGRAN TO PATCH "FLTO“ TO D/A SAMPLES.

INTEGER PR{1UZ4)

WRITE(10, 14

FORMAT(/,* TESY SER. REQD FOR "IDLPCH* ? 3=YES 5 *
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H READ{11)10L
: CALL FOPEN(1,*FLTG®)
i - READ BINARY (1)
SUM=0,0E0
$SQSUN=0.0EC
: D0 1 I=1.M
H READ BINARY (1)A
i SUM=SUN+A
1 SOSUM=SQSUM+ARXZ
H CALL FCLOS(L?
i ) SUN=EUN/H
SASUM=SART { SASUM/ M)
WRITE(1D,1001SUM,SASUN
e N 100 FORMAT(/." SEQUENCE MEAN= ’,F9.3,' * RMS= ',F9
23271
WRITE(10,101)
i FORHAT(Iv TEST SIGNAL LEVEL TO BE "X DB DOMN ON
PEAK INPUT.”
T 21 ENTER X3 '/}
READ(L1IX
MAX X JUST LESE THAN ANGLOS ATTEN STEP SIZE,.
SMALL X PREFERRED.
CALCULATE REQUIRED RMS VOLTAGE, AND SEQUENCE SCALY
G FACTOR.
PEAK=2047.5
K=t0.0s ‘X/20.0)
F1=FEARYZS
SCALE=P1/S05UM
WRITE(10,53%9)
537 FORMAT(/ " ENTER NUMBER OF VARIATES TO BE LUMPED
B TOGETHER 7,
: {147 FOR PROB DISTRIBUTION P.OT: BETHEEN 4 832 INC
LUSIVE, *./)
READUL2)INP
DO 2 I=1,1024
2 PRLII=O
.CALL FOPEN{Z.*TEST")
H IF(IOL.NE.13 WRITE(Z.1D2) -
i 102 FORMAT (" IPROGRAM TO TEST ENCODER A, INPUT RV 7, : '
I o Z7:' .RDX 1D ;SET RADIX TO DECIMAL. *,/,' ,PNIR: P !
. TR "}

ZO60O

CALL FOPEN(,*FLTO") ‘
~ READ BINARY (131H :
IFCIDLLNE 1) WRITE(Z, 53310

: 533 FORMAT(®  (SIZE: ’.I4,’  INUMBER OF SAMPLES. '

{ IFCIDL.EQ.1) WRITE BINARY(Z)M

1 SUM=0.0 ; ,
: $05UK=0,0 ' i
} DO 3 I=i,M :

: READ BINARY (1)A FE
; ¢ SCALE FOR REQGD SEQUENCE RMS VOLTAGE.

1 A=AESCALE

i [ ROUND OFF TO NEAREST INTEGER.

i 51a+1,0 !

IF{A.LT.(~D.5)) SI=-1.0
AnR+D . 5¥8Y
K=a
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[ PEAK CLIP SIGNAL AMPLITUOE TO WITHIN -2048 T8 +2D4

TF(K.LT.(~2048)) K=-2048
IF(K.GT.(+2047}) K=+2047
c UPDATE TEST SEQUENCE STATISTICAL PARAMETERS.
RK=K
SUM=SUN+RK
SQSUN=SASUMARK##2Z
€ DC SHIFT FOR SIGNALY WITHIN O TO 4095,
. K=K+2048 .
1 : [ BUILD UP QUANTISED *OCCURRED" PROBABILITIES FOR 10
~BIT PLOT.
KP=K/NP+1 !
PRIKPI=PRIKP) 41
IF(IDL.ER.1) WRITE BINARY(Z2)K
IF(IDL.ER.1) GO TO 3
IF(I.ER. X} NRITE(Z,SBA)K
B IF(I.ER L) GO TO
e IF(TLEQ. ML quTE(z,sss)K
; IF(1.ER.M) GO TO 3
WRITE(Z,104JK

534 FORMAY(® PNTR: ",X4,' 7FIRST SAMPLE DAIAR, 7
535 FORMAT(® LAST: '+T4:"  3LAST SAMPLE DATUM, '}
104 FORNAT(YZ,J4}

3 CONYXNUE

call FOLoS(L)
CALL FCLOS(2)

c WRITE NORMALISED OCCURRED PROBS TO FILE FOR FLOTTI
NG, -
CALL FOPEN(1,"PLOT*)
.. . MRIFE(1.105) .. -
105 FORMATA® ,RDX 10 1SET RADIX 10 DECIMAL. '
INCR=NP/ 4
WRITE(1:540) INCR
540 FORMAT(" .DEL3 7,I3:' ; X-AXIS INCREMENT. ")
WRITE(1,534)
536 FORMAT(' .PNTRY PNTR 1STORES ADDRESS OF FIRST §
AMPLE. 7)
i UP=4D96/NP
: YRITE(1:537)0P
537 Eognar(' «BIZE: '.T4.' ;NUMBER OF SAMPLES.?)
=
- LL=D
005 I=1,Hp {
5 IFPR{T}.GT.L) L=PR(T}
00 & I=1.9
3 IF L, cr rz&«xr; Llezee(9-1)
B2 4 T

PR(I)EPR(I)&LL
IF(I.ER.L) WRITE(L,538iPR{L}
1F(T.EQ.1) 60 TO A
WRITE(1,106)IPRIT) .
53?) FORMAT(’ PNTR: 7,14, {7IRST OATUM TO BE PLOTTED

i
}

. CONTINUE
106 FORNATITZ,1S)
CALL FCLOS(1)
SUM=SUM/Y
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4
;
i SOSUM=SART (SASUM/H)
WRITE(10:107)SUM,SQSUN
107 s FORMAT(/,’  TEST SEQUENCE MEAN= ' F9.3,% 1 RMS=’
+F9.3:7)
SUN=2D%ALOGLT (FEAK/SASUN)
WRITE(10.108)SUK
ioe FORMAT(/.*  TEST SEQUENCE IS *,F9.3.7 DB DOWN ON i
PEAK INPUT VoL
TAGE"?
STOP —
END :
¢ ;
C
[
C
p Lt D.9 TESTP
i c masnsannnn
i [

Vi . RDX & ;BACK TO OCTAL
PCM=44 ; PCM DEVICE CODE
DTRi=41 ;12BIT D/A DEVICL CODE
DTAZ=43 ;12817 D/A DEVICE CODE
START: STA 3. BRSE  SYSTEM TRBLE BASE ADDRESS i
LDA 9 MODE :
. BOC 6, PCH  SET PEH HODE ‘
- LDA 8. SIZE s
; STR 8 COUNT sLOADS LOOP COUNTER
LDA 3,. PNTR ; START ADDRESS OF SAMPLES
SKPBN PCM 3 SYNCHROWISE WITH POM CLDCK
JP -1
SKPDN PCH ;
IMP -1 5
: 1PEN JUST DONE
4 LOOP: LDA 1,8, 3 ;LOAD oumomc SAMPLE FROM MEMORY
: DOR 4, DTAL 5 SEND SAMPLE TO I
NIOS DTAR ,LATCH SAMPLE INTO D/ﬁ
SKPBN PCM s PCH STBRTED convmsmN YET?
: JHP , -4 s NOT YET STI i
LI SKPON PCH 1 coNVEasmN HHS STARTED, 1S IT DONE? )
Lo JMP . -1 jNOT YET DOME H
1 DIR 4, PCH ,CONVERSIUN DUNE, READ IN ENCODED MWORD :
: STA 1,2, 2 ; STOR
i “INC 3,3 5 POINT TO NEXT SHMPLE LOCATION
3 PSZ COUNT s ALL SAMPLES DONE?
d JHP LOOP ;NO, DO NEXT SAMPLT

: JMP DISK ;ALL DONE, NOW IMAGE CORE TO DISK P
+ COUNT: & ; STORE LOOP cDUNTEF t
MODE: 4@: )PCN MODE -

BASE: 1 ; REMEMBER SVS?EH THBLL BASE ADDRESS

: . PISK: LDA @ BLOCK

JER @D. C¥5, 3 5 CALL PRIMITIVE FUNCTION DRIVER
0. IMG J IMAGE FUNCTION

JHP RETN ;CALL RETURN TO DDOS

. BDES: BDES +

BOES: . SIZE »
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LAST
¢ 100006 R
: CFILE: FILE

BLOCK: 1

LTI L

FILE: . THY 2DATAZ 4

RETN: LDA 3, BASE |

JUP D. HOM, X s RETURN TO SYSTEM
HALT J NO RETURN

. END START

nonoono )

g CENT: 188
o TENN: 18
[ 13 TENY: 18

-RDY¥ &
é DTA=4% -2 GCTAL DEVICE CODE.
: COUNT:4 +STORRGE FOR LOOP COUNTER
BRSE % xggﬂRHGE FOR SYSTEM BASE TRBLE ADORESS
1B

nnx 1777 118 BITS ONES
START: STA 2, BASE ; REMEMBER SYSTEM ADDRESS .
LDA @ SIZE ;NUMBER OF SAMPLES 70 PLOT . H
STA £, COUNT 7 LOAD LOOP COUNTER
LDA 8, DEL sLGADS X AXIS INCREMENT.
) L.DA 3. PNTR s POINT TO SAMPLE WITH RCC 2
i LDﬁ 4, ZERD ; FIRST X VALUE : '
LOOP: LDA 2,9,3 ;LOAD ¥ VALUE : |
DOR 1,DTA ; WRITE OUT ¥ WALUE H
DOB 2, DTA +WRITE OUT ¥ VALY g
NigP DTA ; IOPLS TQ START Pl. o i
SKPDN DYR ; DEVICE BUSY STILLY i
: Jup -1 S STILL BUSY L
s ApD @, 1§ NEXT ¥ YALUE L
o INC 3,2 ;POINT TO NEXT ¥ VALUE
DSZ COUNT ; RLL SAMPLES FLOTTED?
JHP LOOP ;NO, DO NEXT SANPLE
= LDA L. ZERD : YES, DRAN 6KES
LOR 2,2¢ " 3
oA 1.0
boB 2, DT, .
NIOP DTR 5

j XAKIS: ADD @, 3 ;STEP e 4 BY 108 DRCIMAL
¢ DOA 4, DA 4 SET NEXT VALUE

4 NIOP DTA ; PLOT POINT

SKPDN DTA ; FINISHED THAT PT. ?

: _JMP . =1 JND

: DSZ TENR ;VES. ALL ¥ ARIS DONE?

l JHP XAXIS 5 NO

§ LDA 4, ZERD +
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DOR 4, DTR ;SET X TO ZERD
YAXIS: RDD ©:1 i STEP BY 460 DECIMAL
DOB 1, DTA ISET NEXT ¥ VALUE
NIOP DTA ;PLOT PT.
SKPDH DTA 3 FINISHED?
JHP . =1 i NO
DSZ TENY ;YES, ALL ¥ AKIS DONE?
IMP YAXIS sNO. DO NEXT PT.
LDA 3 BASE o
JMP D HOM. 3 5

IDLPCH

cnooooann

PROGRAM t0 SXHULATE IDEAL COMDAC ENCODER.
CALL FOPEN(1,"TEST®

IA=0

READ BINARY(1IN

£ALL FOPEN(2."DATA"}

c HWRITE DUMMY HEADER:
DO 3 I1=1,3
3 WRITE BINARY(Z)IA
. WRITE BINARY(2)M
¢ SIMULATE SETTING OF ANALOG ATTENUATER:

WRITELL0,1D0)
ibo FORMAT(/,' ENTER ANALOG ATTEN. SETTING TO BE SIMUL
ATED: (+VE}3',
READ(1L)S
S=ABS(S)
8=10.0%%{($/20.0)
DO 4 J=1.M
READ BINARY(1)IV
IV=IV-2048
IGGN=1
IF(IV.LY.0) ISGN=-1
. IV=IABS(IV)
T. SCALE IV FOR INEAL ENCODER INPUT RANGE:

V=Iv
VaVEB287.0/2047.5
Y=v/s

c SIMULATE RAMP A/D USING COMDAC:
00 L Ic=1,8
ICC=IC-1
PO 1 IsS=1,14
3J88=18-1
I0=(2*2TCCI#(1SE+1T)
10=2%10
ID=ID~33

IF 1D, GE V) GO TO 2
1 CONTINUE
¢ PACK ENCODER OUTPUT WORD:




o

apaanoae

o

no

caoa

PROTY'S

o 0 G000
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IV=IA#L6+IB

- JE{ISONLER.LD IV2IV28
WRITE BINARY(2)1IV
CONTINUE
ChilL FCLOS(1)
CALL FCLOS(Z)
STOP ENCODER QUTPUT IN DATA FILE.
END

FROGRAM TO READ IMAGE FILE "DATA" CF

SED SANPLES

QUTRUTS DECODED (EXPANDED) SAMFLES.
CALL FOPEN{L,"DATA

CALL POPEN(Z:‘S“PLSI")

THROW OUT HEADER OF "DATA" .

09 3 I=5.3

READ BINRKY (1)ID

N=512

READ NUMBER OF SAMPLES IN BLOCK
READ BINARY {1)M

ITE BINARY (Z2)M.N

FOR ERCH SAMPLE:

00 2 I=4,M

READ BINARY (1)ID

DEYERMINE SIGN BIT

IS=-1

IF(ID,GT.127) IG=+1

NOW GET SIGNAL AMPLITUDE.
IF(IS.EQ. (+1)) ID=10-128

ENCODE COMPRE

FIND CHORD AND STEP NUMBERS: THEN EXPAND.

I8T=HODLID.16)

ICH=ID/1b

ID= (28%ICH) % (24X8T+33)-33
10=10+18

HRITE EXPANDED SAMPLE TO "SPLSIY,
WRITE BINARY (2)ID

CALL FOLOSII:

CALL FCLOS(Z)

STOP

END

D.13 FLTRS

samsmaessss

i
DOURLE PRECISION C(10,5),X(10,5),¥(10:5).V,SPWR

1
THIS FILTER GIVES THE SIGNAL LEVEL.

i

FROGRAW TO IMPLEMENY BANDPASS FILTERS iBUTTﬁRNORTH




i
£00
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WRITE(10,100)
FORMATL/,” ENTER NO. OF POLES FOR L~P PROTOTYFE

SIGNAL FILTER)

LEREY2

i0z

ao N

o

owm

&
(1.5

READ (11N

IF({N/2%2)NE.N) GO TO

IF(N.GY.20) GO TO 4

N USED TO SELECT DISK FILE OF CO-EFFICIENTS.

IF(N.ER.2) TALL FOPEN{1,“FLTDZ"}

IF(N.EQ.4) CALL FOPEN(1,"FLID4")

TFIN.EQ.&) CALL FOPEN{1,"FLTD&"}

IF(N.EQ.B) CALL FOPEN{1,"FLTD&")
€57.20) CALL FOPEN{1,"FLID10")

N. 12) CALL FOPEN(1,"FLTDLZ")

IF(N EQ.14) CALL FOPEN{(1,"FLTOLA™)

READ{1-101)NH

FORMAT(I4)

IF(NH.NE.{N/Z2)) STOP BAD FILING.

READ(1.1021V

FORMAT(D25.£8}

ClI.d)=V

CONTINUE

CALL FCLOS(L)

FILTER NOW DEFINED.

SET INITIAL CONDITIONS TO ZERO FOR FIRST PASS.
00 3 I=i,MH

00 3 J=1,S .

X{I,4)=0,000

Y‘Iin!B 080

CONTINUE

ROW FIRST PASS THROUGH SHPLSI.

IpASE=1

CALL FOPEN(L,“"SMPLSI")

READ BINARY{f)H,NNN

SPWR=0C, 000

Do 8 Jsi.H

READ BINARY{1)IS

IF({IPASS.EQ.1).AND. (J.LT.M-1000}) GO TO &
ggI;TIX AND Y ONE DELAY FOR EACH SECTYION.

NEW INPUT AND OUTRUT FOR THE SEGMENT:

X{1,1)=18

TF(1.£0.1) GO TQ &

Ip=1-4

X{La4)=YLID. 1)

YOI, 10=X{1503~2. 04X (I, 33+X{L,5)
V=C{I,20%Y(I, 2)4C{F 312V (T3 4+CLT 422V (T,4)1+0(T+ D)

YT 1=V (1. 0)~Y
YET 13=Y (T, 43 /C(L, 1
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7 CONTINUE
SPUR=SPUR+Y (NH 1) #%2

& CONTINUE

CALL FOLOS!4)
IPASS=IPASS+L
IF(IPASS.LT.I} GO TO 4
SPUR=DSART {SPHR)
CALL FOPEN(Z,“SLVL™)
WRITE(2,103YSPHR

103 FORMAT{1X,D25.18)
CALL FCLOS(2Z)
STOP SEQUENCE FILTERED.

END
D.t4  FLTRN
wmmsmamsssn
DOUBLE PRECISION C(10,53,%010,5),Y{10,5).V,SPUR.NP
R+ SN
PROBRAM TO IMPLEMENT BANDPASS FILTERS (BUTTERWORTH
PROTO'S
THIS FILTER GIVES THE NOISE LEVEL.
1 WRITE(1D.100)
i00 FORMATL(/.’ ENTER NO. OF POLES FOR L-F PROTOTYFE (
NOISE FILTER)
[ERETS}

READ{L1IN
IFE(N/2%2) JNE.N) 60 TO. 1
IF(N.GT.20) G& 70 1

c N USED TO SELECT DISK FILE OF CO-EFFICIENTS.
IF(N.EQ.2) CALL FOPENIL."FLYDL®)
IF(N.EG@,4) CALL FOPEN{1."FLTD3")
IFINJEG.&) CALL FOPEN(1.,"FLTDI")
IFLN.ER.BY CALL FOPEN(I."PLTD7")
IF{N.ER, L0} CALL FOPEN(L,"FLTD9")
IFIN.EQ.12) CALL FOPEN(L, FLTDIL*)}
IF{N.ER.14) CALL FOPEN{1,“FLTD13")
READ (1,101 INH

101 FORMAT(I4)

- IF(MHLKE. (N/Z)) STOF BAD FILING.
DO 2 I=f.N
Do 2 J=1:5
READ{L,102WV

102 FORMAT(D25,18)

CiXado=V

CONTINUE

CALL FCLOS(1)

EILTER NOW DEFINED.

SET INITIAL CONDITIONS TO ZERO FOR FIRST PASS.

DO 3 I=1.NH

D0 3 J=1,5

X{LJ1=0.0D0

¥(I.J)=0.6800

CONTINUE

NOW FIRST PASS THROUGH SHPLSI.

oo N

ou
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3 . FUPENCL, "SHPLSI"}
8D BINARY (1M, NNN
SPWR=0.000
DO B J=i:M
READ BINARY(1)IS
IF{(IPASS.ER.11.AND, (J,LT.H~1000}) GO TO &
c SHIFT X AND Y ONE DELAY FOR EACH SECTION.
DO 7 I=i,NH
DO § K=2,5
KIs7-K
KK=KI-1
XCT-KI)=XUI.KKY
YL KI)=Y(I,KK)
CONTINUE
NEW INPUT AND OUTFUT FOR THE SEGMENT:
X(1:1)=I$
IF(1,EQ.1) GO TO &
I0=I-1
X1, 1)=Y(ID. 1)
& YCI,1)=X{T,21-2. 0801, 3 +XIL 5}
V=CUI, 2) %Y (T, 234G (T, 3 ¥V (T, 304 L5418V (1, 4)4CLT,5)
*Y(Y,5)
YU1:4)=¥IX, 1)~V
V(I =Y, /(T 12
7 CONTINUE
SPUR=SPURHY (NH,1) %32
8 CONTINUE
CALL FELOS(1)
IPASS=1PASS+L
IF(IPASS.LT.3) BO TO 4
. .. .. NEWUR=DSORTISPMRY _
CALL FOPEN(2,*SLVL+F
READ(Z, 1031SPUR  ~
103 FORMAT{D25.18)
CALL FCLOS(2)
SNR=20.,DDO#DLOGLD (SPUR/NPUR)
WRITE(1D: 104)SNR
104 FORMAT(/ .’ UNCORRECTED SNR = ’,F8.3,70B.":/)
NPWR=NPHR#400D, ODD/ {3460, 0DO~ 86D, 0DD)
SPUR=SPWR~NPHR%100.000/4008, 000
SNR=20.0D0%DL.OGIDLSPUR/NPURY
- WRITE(L0,105)SNR
105 FORMAT(/? GORREGTED SNR = ',F8.3,7DB. ':/)
ST0P BYE

o

oe0n
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APPENDIX E SIMULATION AND UTILITY SOFJWARE FOR THE IBM370 COMPUTER

E.l  INIT N
s

wmmm=m

poooo0o

DIMENSION X(10J).XP(101)
READ{S,300) N ¥, XHAX
300 formaiidy)

00 1 I=1.N
i READ(S,300)X{T},XPLI)
X WRITE(4,508)
508 FORMAT{/,*D0 YOU WISH TO ENTER NEW SET PROB DENSIT

Y PTS?",/,7 '1=YES: '/}
READLF. 100INY
IF(NULNE.L} GO TO 331
30 WRITE(&,560)
500 FORMAT(/+* ENTER NG OF EXPT PTS IN +VE HALF,TOTAL
NO RANDOM VARIABLES RERD.’
READ(D, Z00IN.M
IF{M.GT.2#%10) GO T0 30
IF(N.GT.1D3) GO 7O 30

WRITE(&,S01IN
501 FORMATYY  ENTER X(I) XP{I) ON NEXT *+I3.7 LINES.'
22

bo 23 I=1,N
23 RERD(Z,Z00)X{T) - XP(I) -

100 FORMAT(Y)
280 FORHAT(2Y)
WRITE (6,502}

502 FORMAT(/.’ ENTER REQD ¥ ©OUIPUT. T o2
READ (7,100 XMAX

c NOW BUILD UP DAYA FILE *

3 WRITE(7,503IN. M, XHAX

503 FORMATLEN, 13, 6% 14, 4%, F7. 4,
DO 32 =i,

3z WRITE(7,5043X(T), KP(L}:

S04 FORMAT{S9X,F7.4:6X,F8.5}
HRITE(H,120)

120 FORMAT{/,' PRINTOUY 10 BE # PRINTED PLOT OF PROB. D
ISTRIBUTION? ./, " 1=YES:
READ{(9,100)1IPLO
WRITE(T.121)IPLO
123 FORMATITS . T4}
WRITE(&,702)
702  FORMAT{/,' FRINTOUT OF REQUIRED PROBS.? 1=YES:’./}
READ(9,100)IPRO
oo e WRITEL B, 703D, .y . . . " T
703  FORMAT(/," PRINTOUT OF ALIAS & CUT-OFF VALUES REGUI
RED? 1=YES:7,/3
READ(?,3100) IPROL
WRITE(7.701)IPRO, IPROL
701 FORMAT(1X,T4,3X:X4)
WRITE(L,113)

|
i
i
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113 FORWAT(/:" NOW SET-UP OF RANDOW NUMBER GENERATOR: 7
o1y .
read(5,100) fdum
read(5,200} {dum: {dunZ
read(5.,200) 1,
WRITE(6,110)
119 FORMATC/ /" REW SET OF INIYIAL CONDITIONS REQUIRED
i . 7 1=YE8.")
< READ(?.100)LD .
IF(LD.NE.1) GO TO &b -
14 ENTER INITIAL COMDITIONS.
WRITE(L, 1110
131 FORBAT(/,"ENTER NO. OF INITIAL SAMFLES TO BE SKIPP
EDNO. SAMPLES REQUIRED: 7./}
READ(Z,200L .M
46 WRITE(7,112)L .M
* 112 FORMAT(1X.I15,3X,1I5)
WRITE(&-114)
114 FORMAT(/.’ PRINTOUT OF GENERATOR ACHIEVED PROBS. RE
QUIRED? 1=YES:’,/}
READ (9,180 IPRO2
URITE{6,115)
118  FORMAT(/.7 PRINTOUT F TEST SIGWAL {FILTERED) PROBS
« REQUIRED? 1=YES:'./} :
READ(9.100)IPROI
WRITE{(7,112)1IPROZ,IPROS
HRITE(&,725)
2% FORMAT{/." NOW SET-UF THE SEND FILTER: *:/)
- WRITE(6,720)
720 FORMAT(/,' ENTER SAMPLING FRER IN HZ. @ ‘./}
READ(T,10C)FS
WRITE(6,101)
101 FORMAT{/,> ENTER LOWER, UPPER BAND EDGE FREGS IN H
Zo 3 tefd
READ(T,200)F1.F3
3 WRITELL.102)
102 FORMAT(/," ENTER REGD ORDER (EVEN) OF LOW-FASS PRO
4 TOTYPE. 3 *»/)
READ(7,100INLPS
. HRITE(L,712)
752 FORNAT(/,* SIHULATION YO STOP WHEN SEND PROBS. FOUN
0? 1=YES: ‘,/) H
READ(9,100)18TP )
IF(IPLO.EQ.L) XISTP=1 N
HRIYE(7.,1123NLPS, ISTP e H
WRITE(7,710)FS,F1,F ' i
710 FORMAT(IX,F1D.3, Z(ZX F10.3))
WRITE(6,726)
726 FORMAT(/," ENTER NUMBER OF BITE RESOLUTION OF D/A :
(72!
\

READ(F,100)11BDA
©IF(IPLOLEG.1) IBDA=S
WRITE(,727}
FORMAT(/.' TEST SIGNAL LEVEL TO BE X DB.DOWN ON PEA
K IﬂPUT. + /1% ENTER REQUIRED -X {DB): *./}
READ(?, 100)RX
WRITE(7,728YIBDA/RX
TZ8  FORMAT(T4.I4,3N.F10.3)




730
NULAT

731
735

736

737

732

IF{ISTP.EQ.1) STOR

WRITE{4:73D)

FORMAT{/," ENTER ANALOG ATTENUATOR SETTING TO BE SX
ED {DB):'»/,* ON SEND BIDE:

READ(Y,100)S

WRITE(7.731)8

FORMAT(TS,F10,3)

WRITE(. .735)

FORMAY(/,7” ENTER SETTING OF ATTEN BEFORE LIN A/D:"}
READ(9 . 180)8R

WRITE(6:7356)

FORMAT(T ENTER NO. BITS RESOLUTION OF LIN A/D3?)
READ (%.100) IBDAR

WRITE(&,737}

FORMAT(' TEST SET TO BE RUN BACK-TO-BACK? 1=YES!™)
READ(9, 100} IRX

R¥=0.0

IF(IRK.ER.1) RX=-2000.C

WRITE(7+72831BDAR.RY

WRITE{7:738ISR

KRITE{H:732) .
FORMAT(/,* NOW SET-UP SIGNAL FILTER ON RECEIVE SIDE

WTedrd

/DRATA
FING

saeonoo

21

. B8ToE

WRITE(A,101)
READ(9,200)F1,F3
WRITE(6,102)
READ(9,10D)INLPS
WRITE(7112)INLFS, IETP
HRITE(7710)FS,FL,FI
HWRITE(6,734)
FORMAT(/.* NOW SET-UF .RECEIVE NOISE FILTER.’
WRITE(S-101)
READTY,Z00IFL,F3
WRITE(L:1D2)
READ (%, 200)NLPS
WRITE(7 112}NLPS, ISTP
WRITE{7:7101FE,F1.,F3

END
DATA

€.2 PSPEC

eESmmomEss

INTEGER B(1024),A{542)FI512),.8,D:MakKsL
INTEGER 1E(512)
DIMENSION E(S123,K(4011,XPL101) . AR{32500)
ARER=D.0
RGEN OUTFUT hAX 10 BITS ALLOWED FOR.
00 21 I=1,101
A13)=in,0
¥P(I)=C.0
Do 22 I=1,51%
IE(H=0




22

504
)
121
701

26

103

27
104
4

35

311
[ 2VA]
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E{1}=0.0
READ{S, 50T N, M, KMAX
FORMAT AR 13, 6% T4 44X F7.3)
DO 33 I=1.N
READ{S,510)X (1}, XP (1)
FORMAT(IN:F7.4.6X,FB.5)
READ(S,122;1PLO
FORMAT(TS,T4)
READ(S. 701 IPRG, IPROL
FORMAT (1iX,I4,3X,14) i
INPUT DATA NOW READ. :
CALCULATE DISCRETE PROBS. REQD. ' 3
DISTRIBUTION ASSUMED SYMHETRICAL.
M=h/2
DR=XNAX/M
KK=1
KKI=KK+1
DO 286 I=1i,M
11=1-4
IF({TI*DR) LGT {X(KKII40R/3.81160 T0 5
SLOPE=(XP (KKI)-XP (KK} )/ {X(KKX - (KK))
E{X)={XP{KR)+SLOPEX (II¥DR-X(KK1}}
ELIY=E(I}*DR
AREA=AREA+E(I)
GO .TO 28
RK=Ki+1
KKISKK+L
GO 7O, 4
CONTIN Y
AREARAREQ Et1y/2.0 :
EC1i=E{1)/2.0 .
IF(IPLO.NE. 1) NRITE(& 103)AREA
FORMAT (* INITIAL ARER EQUALS *.E1Z.4)
AREAN=0.O
FACTN=1.0/ARER
DO 27 I=1.,H
E{I)=EL1)#FACTN . !
AREAN=AREANHE(I)
IF{IPLOCNE. L) WRITE(&,1D61AREAN
FORMAT(® NORMALISED ARER EQUALS  *,E12,4}
QUANTISE TO INTEGERS..
AREA=D,DDC
RANGE=32768.000
0O 35 Imi.N
ELI=E () ¥RANGE
K=EL2}
K=Kl
AREA=AREAK
IBLDI=K
AREA=AREA-RANGE
K=pREA
K=IABS(K}
IF{K.LT.1) GO TO 37
IF(IPLOLNE. &1 WRITE(L:511)AREA
FORMAT(/ ¥ ERROR IN RERUIRED PROB SUMMATION= '.F8

L=K/3
TA=AREA




38
39

i
37

505
c

24

Ig

s06
560

@an
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I8=IA/K
IF(L,LY.1) GO YO 39 D
DO 38 1=1,1
IE(II=IE(I)-3%1S
IA=IA~3*I8
LsL+4t
IA=IABS(IA)
IFLIALER.2) IE(L)Y=JE(L)-241§
IF(IALER. L) IE(L)=IE(L)~IS
SIGMA 1E NOW EQUALS 32768 -
OUTPUT IE(L} AS REQUIRED.
CONTINUE
IF{IPRO.NE.1) BO TO 540
IF(IPLONE. 1) WRITE(6.805)M
FORMAT(LAX, T4}
H MUST/SHOULD BE A WULTIPLE OF FOUR.

IC=1G+
IF(IPLO NE.L} WRITE(&:506)IELIG) (JEIIA,TELIB),IEL

oo e -

4
FORHAT(IX:A{kX.Ib))
CONTINUE
PROCRAM TO FIND THE ALIAS AND CUTOFF VALUES
FROW THE REQUIRED PROBABILITIES.

FORMAT{IX 4 (4X,T&3) -

FORMAT(//,". ALIZUT:T COMPLETED. '",7/7)
N=NO. OF ABSOLUTE VALUES OF VARIABLES REQO.
RANGE=12767.,000

G={RANGESL. DOGY M

o=g

INITIALISE ARRAYS A.B.F
00 1 J=i/N

38N
Fl=0
B =IE(J}-D
enter rnd Initlal coaditions,
read(S, 1123 init.minit
resd other plot reauirements,
read{5,112)ipro2,irrold
nuither of sraphs to be rlotled.
if{ipro,ne.d)irro=0
iftirroZ,.ne.1) ipro2=0
iftiprod.ne.1) isro3=D
rmsldl=iprotirro2+irrod
IF(IPLO.EQ.1.AND.IPLO,ER. 1) CALL PLOTFHM(IE.N,RMSIOL)
FIND THE LARGEST POSITIVE AND HEGATIVE DIFFERENCES
AND THEIR POSITIONS IN ARRAY €.
D0 Z I=1.N
c=0
b=p

DO 3 Jui.N
IF(BCS),BT.C) GO TO 44




oaN

a9
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C=B(J}

Key

60 TO

IF(B(J) LT.D) 60 T0 3
D=B{.J)

L=y
CONTINUE

5uN THE ALIAS AND CJTOFF VALUES,

At
FIK)=RANGE+CaN+3
B(K1=0.0
B{L)=C+D

. .CONTINUE

COMPUTATION OF ALTa$ AMD cUTOFF VnlUEs ComMPLETE.

CONTINUE
IF{IFROL.NE.L} GO TO 700
IF{IPLOLER.1¥ GO TO 700

N=f/4

DO 704 J=1.K

IB=IG+2

IC=1G+3

IF({IPLO.NE. L} MRIT:(&»lDZ)A(IL««R(IA)'AIIB):A(IC)

DO 705 J=1+N

IG=44J-3

IA=IG+1

Ip=1 G+z

if=1G+

IF\IPLD ME.1) WRITE(H,102}F{IG) FLIA)FIIBYFLIL)
N=N*4
CONTINUE

IF(IPLO.NE. L} WRITELL.104)

GENERATE PHEUDO-RANDON NOS. WITH DESIRED FREG. DI

ENTER INITIAL CONDITIONS.
FORMAT (LK, 15,3%,15)
1=linid
m=minit
SET 8 TG ZERO.

DO 4D I=1,17

CALL RANDU(IX,IV,Y¥}

SIEN IS PASSED BACK AS Ix.
K=Y #n+i

CALL RNGU(IXR,IVY}




-41

ig

48

- 706

120

oo

730

731

IXK=IYY
IFLY (K).BT.IYY) GO TO 11
K=H({K)
TF{E LY. GL+d)
KS=(K-1191I%
IX=1Y
K=KG+N
JSKL=T-L
AR(IJKLI=KS
BAK)=BKILL ..
CONTINUE
IF(IPROZ.NE. L} GO TO 706
K=0 .

&9 TO 1T

N=Nx2
RANGE=327485.000
RANGE=RANGE/M
M=RANGE
DO 47 I=1,N
B(I1=B{I}*RANGE
B(I) ARE GENERATOR ACHIEVED FROBS.
IF(IPLO.EQ. 1Y CALL PLFMT(B.N}
N=N/&
00 48 J=1,N
IG=4w -3
TA=IG+H]
IB=YG+2
TIC=IG+3 -
IF(IPLO.NE. 1)HRITE(vaDb)B(IG),B(IAB,B(IB)xB(IG)
N=N#2
IFLINLOLNE. 1) HWRIYE(S,120]
FORMAT(/ " RNGEN3L NOW COMPLETED
READ(S,112INLPS, ISTF
READIS,7ID)FS,FL,F3
FORMAT (11X, F10.3,2(2X,F10. 3))
Isk=1
FPUR=0.0
CaLL FLTS(AR.”B.NLPS.FS.FX,FQ,ISN~FPHR)
IF(IPLOLNE.L) WRITE{S,T
FORMAT(/," SEQUENCE P!LTERED BY SEND FLTS.
READ(S,728) IBDASRY
ARPK=2+% (IBDA~11-1.03D.5
CALL QUANTO(AR,MB, IBDA/RK}
IF(IPLO,.NE. 1) NRITE(&:729)
FORMATIT4: 143X F1ID
FORMAT(/,"  QUANTO COMPLETED. XAl
IF(IPLO.ER1.AND.IPRO3.ER. 4} CALL PREPLT(AR,NB)
IFLISTPLEQ.L)Y STOP
READ(S,73038
READ {5,728 Y1BDAR, RX
IBDAR I5 LIN. A/D RESOLUTION (BITS).

faly

6

RX.LT.(-1000) SHOWS TEST SET BACK-~TO-BACK,

IBTB=0

IF(RX,LT.(~1000)) IBTB=1
IF{IBTB.EQ.1) GO TQ 5h%

CALL XOLPCH(AR,NB, X8OA:S)
IF{IPLONE.1) URLITE(S,731)
FORMAT(TS,F10.3}

FORMAT(/,* IDLPCHM CONPLETED.’,/)
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. FORMAT(/,' CONVERT COMPLETED, ", /)
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CALL CONVRT(AR.MB)

IF(IPLO.NE.1) HRITE(4,732)

$=0.0 '
ARPK=8159.0

READ(S, 730)SR

SR IS ANALOG ATTEN BEFORE LIN: A/D.
SR=SR4S

CALL ADCON(AR.MB, IBDAR (SR, ARPK)

READ (S, 112)NLFR, ISTP —
READ(5,710)FSF1,F3

F18=F1

F35=F3

IS4=0

CALL FLTS(AR. #3,HLPR,FS,F1,F3, ISH,FPUR)
SPHR=FPUR

IF(IPLO.NE. 1) WRITE(6,733)

FORMAT{/,* REC. SIGNAL FILTER COMPLETED.',/}
READ(S, L12)NLPR, ISTF

READ(S,710)FS F1,F3

CALL FLTS(AR,HB.NLPR.FS.F1.F3, 15U, FPUR}
QPHR=FPUR

SNR=233, D¥ALOGLD (SFUR/QPUR)
OPHR=QPWR%{FS/2.,0) /(F3-F3
SPUR=CPHR~GPURS (F38-F18)/{FS/2.0)
SNRC=20 .0%ALOG L0 (SPWR/QPHR}Y
TF(IPLO.NE.1) WRITE(4,74018NR,SNRC
FORMAT(/.” SNR= ',F8.3,T25,' SNRC= ’,F8.3,7 (DB).”,
sTOP

SUBROUTINE RANDU(XX,IY:Y)
DOUBLE PRECYISION YFLD,ZZ+Z.A)B:YFL.G,H
A=22159.000
B=6913.000
G=58653.000
H=13849.0D0

Z=32742.000

22=2,0D0%Z

YFL=DFLOAT(IX)

YFL=YFL%A+E

IF(YFLIL, 2.2

YFL=~1,0DDxYFL,
CONTINUE
GENERATE SIGN BIT,PASSED BACK AS IXs
IF(Y.GT.2.08Y YFLD=13.000
YFLD=YFLD#G+H
YFLD=DMOD(YFLD,22Z)
IY=YFLO
IN=-1
IFCCIV/2) 52, B0 1Y) TR=+t
YFL=0MOD(YFL2)

1V=YFL

SUBROUTINE RNGUCIX,IY)
DOUBLE PRECISION YFL.:2,A8

.

;
i
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e

A=27237,.0D0

B=£925. UDO
2532768,
YFL=DFLOAT(IX)
“YFL=YFL#A+B
IF{YFLIL. 2,2
YFL=-1,0D0*YFL
YFL=DMOD(YFL,2)
1Y=YFL
RETURN

TS

END
SUBRQUTINE FLY5CAR.H:NLPS,FS/F1,F3, ISH:FPUR)
DOUBLE PRECISIEM C10,8), X (1D, 5) ,¥(10,5),¢
DIMENSION AR(32500
PROGRAM To InPLEhENT BANDPASS FILTERS (BUTTERWORTH
Cerarors
NH=NLPS/2
CALL BUTTERINLPS,C:FS/F1,F3)
[ FILTER NOW DEFINED.
€ SET INITIAL CONDITIONS TO ZERu FOR FIRST PASS.
20 3 ¥=1,N4
DO 3 J=1,5
X(I+d}=0.000
¥{1:y)=0.000
CONTINUE
NOW FIRST PASS THROUGH RANDNOS.
IPASS=1
4 CONTINUE ‘
$a=0.0Q ;
00 & J=i,M4 !
18=ARL) .
IF ({IPASS.ER. 1), AND, (J.LT,H~B000)) GO TO &
[ SHIFT X AND Y ONE DELAY FOR EACH SECTION,
DO 7 TetsNH i
DO § K=2,5
KI=7-K
KK=KI-1
RETKII=XLT, KK
Y1, KI) =R (1.KK)
CONTINUE
NEW INPUT AND OUTPUT FOR THE SEGMENT:
X(1,1)w18
IFYE,EQ.L) 60 TO &
I0=X-14
R(L-1)=YLID, 1)
[ Y(I,23=UT ) =2, %K, 3)4X(T,5)
. PRECTFRFITATE ETRINE 8- TSTS SEIET1S STIT LIRS SR FEL-14 911 I
*Y(1,5)

ouw

Y

YT 2)=¥ (T, 0)-y i
YL 1) =Y (L, 140U 4 ;
H CONTINUE
IF{IPASS.ER.1} GO TO B
SR=GRHY (NH: 11432
TFCISH.ER. 1) ARCII=Y(NH, 1)
8 CONTINUE
IPATS~IPASS+HL
. IF(IFASS.LT,31 co 10 4
FPUR=SORT(SR/H}
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RETURN

END
SUBROUTINE BUTTER(N,C.FS5,F1,F3}
IMPLICIT REAL®B (A-E,G,H,0~Z,%)
GOUBLE PRECISION €(10,5)
COMPLEX®14 A:B.U
DIMENSION TH(2Q)
PROGRAM Y4 SET UP DIGITAL BANDPASS FILTERS.
USES EVEN ORDER BUTTERWORTH PROTOTVPES AND BI-LINE

FO=F5/2.0
N=N/Z%2
TRANSFORM PROCEDURE 3
PI=4.0D0%DATAN(L .G00)
PX2=PX/2,0DD
VA=F3/FO
V3=F3/FD
BB=V3I-V1
D=DTAN(VI«PIZ)
E=DTAN(VI*PI2)
D=DSQRT{D*E)
E=DATANLD)
V2=E/PY2
ASSUME UNITY LAMBDAR 70 CALCULATE XFM CONSTANTS,
D=0TAN(BBLPIZ)
D=3%,000/D
E=2.0004DC0S{{VI+V1IAPI2)
F=DCO$(BB§PIZ1
E=E.

DECOMPOSE N-TH ORDER PROTO TO SECOND ORDER CAFCADE

SECTIONS.

THEN BI-LINEAR TRANSFORN EACH SECTION,
ED=E*D
EDS=ED#%2
0S=Dx»2
02=2,0%D
NZ2=N#2
WH=N/2
PO 1 I=1,NH

& T TYLXL=RIZEPI/NRH (I~ 1 D 8PILN, .

DO 3 J=1.NH
K==l UDU*DBOS(TH(J))
CEJr11=08+028X+1
Tl 2y=-1, 0*50*(0242 Q%K)
C{J,3)=2.04DS+E0S-2.0
ClJdrdy=-1, D*EE*(DZ—Z 122 8
C{J:5)=08-D2¥X+1
NORMAL ISE MID-| BAND GAIN TO UHITY FOR THE SECTION.
H=VZ*PL
A=DLOS{N)
Y=DSINW)
U=DCHPLX (X, V)
A=Ualxal-(2,000,0.000) % (UsU)+ (1,000, 0.000)
B DI {URURUR +C(J7 2) 2 (URURUI +C LI, ) # (LU0

T4} xUHC LS5

A=A/B
HH=CDABS(AY
D¢ 2 I=1,5




C(JrTI=CLdT) U
CONTINUE

CONTINUE
RETURN

END

[N

SUBROUTINE QUANTO(AR.M,IBOA,X}
OIMENSION AR(32500)
: [ PROGRAM TO PATCH “FLTO" TO D/A SANPLES.
i SUM=0.0E0
: 5QSUM=0,0E0 -
: DO 1 I=1,M
$ A=ARLT)
i SUM=SUN+A ;
1 SRSUM=SASUN+ AxXZ X
SUM=SUM/M .
SRSUM=SQRT (SASUN/M)
irto=0
JFLIPLOLNE. L) WRITE(6:107)SUM SASUN
100 FORMAT(/," SEQUENCE MEAN= *,F2.3.' ¢ RMS= ",F9

[ c HAX X JUST LESS THAN ANALOG ATTEN STEP SIZE.
C sMALL X PREFE
CALCULATE REGUIRED RMS VOLTAGE., AND SEQUENCE SCALY
NG “FACTOR.
§ 1PEAK=24% (1BDA~1}
4 PEAK=TPEAK
PEAK=PEAK=-0.5
X=10. D**(XIZU o)
P1=PEAK/X
SCALE=PL/SASUR
SUK=0.0
80SUN=0.0
g L L.PO 3 I=iaM )
] A=AR(II) 5
: ¢ SCALE FOR REQD SEQUENCE RMS VOLTAGE.
i A=AXSCALE
B ¢ ROUND OFF TO NEAREST INTEGER.
i $1=+1.0
% AIF(ALT.(~0.53) 8I=~1.0
<A+0, 5251
=f
T PEAK CLIF SIGNAL AMPLITUBE TO WITHIN ~2048 TO +204
7 (FOR 12-BIT D/A),
IF(K.LT. (-IPEAKF) K=~IPEAK :
IF (K. GT. (+(IPEAK=3))) K=+ (IPEAK-1)

. c UPDQTE TEST SEQUENCE STATISTICAL PARAMETERS.
3 SUMusUM*R i
5 smsun=snsur+kkuaz .
: AR(T)= :
BONTINUE
SUM=SUNIN ;
SASUM=SART (SQSUN/H) :
IF (TPLONE. 1) WRITE(&,107)YSUM,SQSUK :
)FORMRT(/, TEST SEQUENCE MEAN= ',F9.3,' ¢ RHS=’
.F? 3.

SUN=20+%ALOGID(PEAK/SQSUM)
IF{IPLO.NE.1) WRITE(&,108)Y5UH
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108 FORMAT{/, " TESY SEQUENCE IS ',F9.3," DB DOHN ON
PEAK INPUT VOLTAGE. *»/) :
RETURN

END
SUBROUTINE IDLPCMUAR M, IBDA.S)
DIMENSION AR(3Z504)
€ PROGRAN TO SIMULATE IDEAL CONDAC ENCODER.
€ SIMULATE SETTING OF ANALOG ATTENUATER!
S=10.0%%(S/20,0)
00 4 J=i,M
IV=AR{M)
ISGN=1
IF(IV.LT.0) Z8GN=-1
IV=1ABS(IV)
€ 3CALE IV FOR IDEAL ENCODER INPUT RANGE!
=TV N
V=V*3159.Ul(Z*K(IBDA'li-D.S)
Y=y
14 SINULATE RAMP A/D USING COMDACE

0O 1 IS=1,14
1E§=18-1
In= (2&{!0; PR(ISSHLT}
I0=7%%
.. 1b= ,m,a:,,
IALI8C
IB=IS$S
IF(ID.GE.V) GG TO 2’
1 CONTINUE
[+ PACK ERCODER QUTPUT WORD:
2 IV=IAXLE+IB
IF(ISCN.EQ. 1) IV=IV+126
AR{J =1V
4 CONTINUE
RETURN
EN

SUBROUTINE CONVRT(AR,M)
DIMENSION AR(3250D)

c PROGRAM TO READ IMAGE FILE "DAYTA" OF ENCODE COMPRE

SSED SANMPLES

£ QUTPUTS DECODED (EXPANDED) SﬂﬂPtES.
[ FOR ERCH SANPLE:
DO 2 I=i,M
ID=AR{I)
DETERKINE SIGN BIT
I8=~1
IF(ID.GT.127) I§=+8
c NOW GET SIGNAL AMPLITUDE.
IF(IS.ER. (+1)) ID=ID~128
c FIND CHORD AND STEP NUMBERS, THEN EXPAND.
IST=HOD{ID,186)
ICH=ID/1b
ID=(2**ICH)*(2&!ST+33) -33
1D=10%18
H RRELI=TO

RETURN
END
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SUBROUTINE PLOTFM{IE.N.RMSIDL)

double srecision ras.uy

INTEGER IE(S12)

NREM=N

iplo=rmsidl+0.5

celeulzte rms=standard deviation of resvired semuenc

rmns=0,0d0

do 1 i=l.n

wy={-}

uy=tuyws2isieliy —
rmE=rmstuy

ros=dsqrt {rns /32768.0d0)

normalise rms per unit plot.
rosidl=rms/(2.0#n~1)
rusidle20.0%315410¢3.D/rnsidl)

PREPARE IE(I) FOR PLOTTING.

FIRST CREATE MORKING SPACE IN ARRAY IE.
IFN.LT,512) GO TO 8

N=N/2

DO 84 Ixi,N

IE(D)= IE(IQZ 1I+IE(T%2)

CONTINUE

NOM SHIFT ASYHMETRIC DISTRIBUTION TO RIGHT.
DO 85 I=1,N

IE(N+I)=IE(T)

WOW FOLD RIGHT RALF INTO LEFT HALF.

DO 86 I=1,N

IE(N-I+1)=IE(N+1}

N=N*2

NOW PACK AVERAGED XE INTG FIRST &4 LOCATIONS.
IF(H.LT.64) GO YO B

ILP=N/b4

DO 81 I=1,64

IX#LI~LIRILP S

1y=0

DO 82 J=1.ILP

K=I¥+J~1

IY=IV+IE(K)

TE(I)=IY

N=NREM

writet7,100) irlasrasidl

Formetita, i3, 433, "RRPROE X=",6.3)

SIGMA TE WAS 32768 AT START; CORRECT AREA UNDER PDF:

1E(T)=R#0,5+8.5

D¢ 87 I=is1p

HRITE(7 506 TE(Y} IECI+16) o IELX+32), TE(1+48)
FORMATUIX 44X, T6))

RETURN

SUBROUTINE PLFMT(B N3

INTEGER B(

FACK B FOR b& VALUES 70 BE FLOTYED.
IFIN.LE.64) GO TO B0

ILP=N/b4

00 81 I=1,64

IX(I-1I8TILPHL
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1Y=0

DO 82 Je1,ILP

K=IX+J-1

IV=IY+B(K)

B(LI=IY

CONTINUE

DO 87 I=1,1&
WRITE(?,506)B(T) BIY+16),B(1432).8(T+48)
FORMAT(LX A (4K X8))

RETURN

END. e s o T e o
SUBROUTINE PREFLTIAR MB)
DIMENSION AR(J2500)

INTEGER B{b4) N
00 1 I=1,64
B(I}=0

FIND FILTERED, SEQUENCE FROB DISTRIBUTION.
AR ELEMENTS INTEGERS BETWEEN -32 AND +31.
Do'2 I=1,MB
K=AR(I)
K=K+
BK)= B(K +1
SCALE TO NORMALISED INTEGER PROBS.
&4

R=R*3276& o/H8

BLI)

00 3 I 1,16
URITE(7S06IB(I).B(I+14),BLI+32),B(I+48)

T FORMAT(IX, 4{4X,18)}

RETURN

. SUBROUTINE ADCON{AR,MNE,N,§;ARPK)

X3}

o 0 o

oo

DIMENSION AR(3Z500)
ROUTINE TO SINMULATE N-BIT A/D CONVERTER,
SNGLgG ATTENUATION OF S-DB REQUIRED.

AK=2#xN~1+0.5

AK ABOVE IS PK INPUT TO A/D.
AK=AK/ARPK

ARPK IS PK QUTFUT OF PREVIOUS D/A.
AK=AK/(10.0%%(S '20.0) 7

SCALE FACTOR FOR MAPPING NOW COMPLETE.
CHECK WHETHER MACHINE TRUNGCATES OR ROUNUS.
A=D.%

IA=R

IA=0 IF TRUNCATION. IA=1 IF ROUNDING,
SIHULATE A/D CONVERTERS

00 i I=1,MB

FIRST FIND POLARITY OF SAMPLEY

I8N=}1

IF(AR(I) LLT.O) I&N=~L

NOW ENCUDE MAGNITUDE?
AR(II=AR(TI % ISN*AK
TAR=AR(Y}+40,5-(0.5+I7)
IF({IAR.GT.{2%xN~1)) IAR*Z**N 1
AR(I)I=TARXTISN

RETURN

END




144

APPENDIX P TEE COMBINED TRANSFORMATIONS USED FOR DIGITAL
FILTER DESIGN

The approach adopted to program the automatic design of the digital filters
has been outlined in Section 3.1.Z,4. It was sald there that each pair of

conjugate poles in the analoy low-pass filter is
« The nsed the low-pass to

band-pass transform and the bi~linear transform. The purpose of this

appendix is to claxify the and hence its

implementation in program BUTTER. .

Stanley {1975, pp 195 et seq). has ouclined the maniulations necessary
to combine the P to and the bi-lineax transforms.
Let goantities be defined as follows.

s =  digital filter Laplace variable -

p =  analog -p Laplace variabl
Glp) = analog low-pass transfer function
®lz} =  trensfer Funotion of digital band-pass filter
¥,y = band edge frequencies of Aigital filter, normaiised
relative to the folding freguency.
v, = normalised centre frequency of digital filter.
A, =  analog low-pass -eference radien £requency,
i imaginary component of p.
T = sampling period

z = )
It is then algebraically comvenient to define two derived quantities.
D= eot (U, - V,) ®-1)
b3 A0 B Y )

g =2 c0s (/2)(Vy + V:L)
{¥-2)
cos (n/2)(Vy ~ V;)

i
i
{




. o - -~

~ p—
~ . 185
|
H The combined transform may then be a substitution procedure i
: Bz = o) (2-3)

: P :
i p = :
i 1-22 i
v In program BUTTER it has been most to the
: transform to the ~3dB cut-off points of the analoy low-pass prototype and
: the final digital band-pass filtex. Also, it is convenient to use
. prototypes With cut-off angular frequency ). equal to unity. The pro- H

oo totypes are geserated from the usual Butterworth pole pattern in the p-
T plane, with the equispaced poles now on a semi-circulsr locus of unit

: radivs.

H " Each complax conjugate pole pair is transformed separately. This has

been programmed on the following algebralc basis. Consider two poles with

; arbitrary location in the pplame. :
§ :
) . Glp) = 1

2 7 RO W,
) 5 (=4)
where a and b are complex constants. .

H Phe transform substitution (F-3) may row be insexted, and the 4

: expresslon multipiied out, 7he algebra is lengthy, but gives
; B (&) =_1-2 P (F-5)

‘ s ~2 - 5

! C"H!zz *(:32 +C4z *CEZ
o vhere©, = (Dsa) (D¥D)

§ e = ~DE {20 + & + b) ¢

2 22 :

: . € = 2p” - 2ab + D°E

: ¢ = -PE(W-a-b
H
: 6 = W~ap-D (F~6)

i Now if the poles are at complex conjugate points, the coefficients (:i N
: are purely real. Conveniently then !
i a+b - zm{a} E~T)
| H
i .

]

: ;
i i
& !
¥ P
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i
¢ Also, bevause the poles lie on radius A = 1.,
| ab w1 (5-8)
| i The program calculates the voefficients vsing these simplifications of
; equations (F-6). :
! The goin of each four pole digital ‘section is then normalised to unity
! at the cantre freguency of the band-pass filter. The rurmalised centre
i
H frequency has been calculated from an expression given by Stanley (1975,
! p 196). .
: 2 (5 - x z
; : tan” (5« V. can(-i-.v).:an(z.va) (#-9)
N
i
! The overall cascaded section band-pass filter thus alsc ‘has unity gain
; at this centre frequency. This is useful if the filter is to ojerate
repeatedly on a data array.
:
j -
P
t
i
g
"1
FRS "
. ) © o R 2 e e

i
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APPENDIX G NOMERICAL DATA AND RESULTS FROM SIMULATTONS
This appendix has no wide significance, but merely records some numerical

details of representative simulations.

: G.1' pefault Values fox Parameters Not Explicitly Defired

i Random source get to produce 1024 variates, XMAX = 4,0, Thirteen
points specified on the target distxibution which. is Gaussian.

b output X Probsbility pix) :
' 0,00 0,4050 ;
: 0,25 ©0,3900 .
0,50 0,3500 H
. 0,75 0,3050
1,00 0,2500 :
) b 1,25 0,1820 R
‘ 1,50 0,1260 i
: 175 0,0870
) 2,00 0,0550 t
: 2,25 0,0310
; 2,50 0,065
2,75 Q,0093
3,00 ©,0047

Seguence Length = 32000 after skipping ISKIP = 10.
B11 filters 20 pole pals. Saupling freguency 8 kilz.
rineax data converter resolutions 30 bits.

Send and signal filters 450-550 Hz.

Noise messurement £ilter 860-3400 Hz. i
Digital attenuator setting X(dB) = 20dB. ,
stimnius level dB reference = FCM peak input amplituds

211 SQNR values and differences in d&R..

! " & typlcal DATA file is listed below, together with suitable 08

o> contrel language {JCL)

Send side analog attenuator setting denoted S{(@3). Receive side analog
attermator setting dencted SR (dB).

Negative attemnnator settings indicate analog gain.

Attenuator setting X=20 , 6= - SR.

!
i

SQONR figures used axe For noise
i.e. the SNRC value,

i
i

3
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6.2 Probsbility Distribution Modelling .
The random source tazget dintribut;ioh has been lsbelled as RQPROB.
The distritution actuslly achieved by the pseudo-random noise source
fias been labelled GENPROB, and this is the PDF of the signal at the
ioput of the send filter. The following ave typicsl plots of PDF's
found in simlations, The intention is to emphasise the shape of the
FLIPROB curve — as this is the PDF of the filrered stimuluvs. Numerieal
details of the distributioms axe not =mphasised here, and each graph
was plotted from 64 data points ouly.

In all cases the FLTPROB is similar in shape, and appears
approxinately Gaussisn, The distributions shown in Figures G to G5
were obtained using & 40 ~ pole send filter with a passband of
450 = 350 Bz, fhe filtered signel PDF is apparently not a strong function
of. the filter bandwidth. Figure 66 demumstrates an example where the send
fiiter bandpass limits ate 1 Hz to 3900 Hz; (the sampling Srequeucy has
boen, held at 8000 Hz). ’

When the send filter is fed from simusoidal sources, the spparent
FLTPROB is critically dependent upon the sampling frequency sub-harmomic
effect, This is imtuitively ressonsble, and is not demonstrated hexe.

B

e it temeeat .
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RGPROB GENPROB FLTPROB

i

FIGURE G1 POF’S FOR A GAUSSIAN RGPROB,

RQPROB GENPROB FL.TPROB

_J

FIGURE G2 POF‘S FOR A RECTANGULAR RQPROB.




GENPRUB FLTPROB

_/

RGPROB GENPROB FLTPROB

).

FIGURE $4 PDF’S FOR RAPROB SIMILAR TO THE DISTRIBUTION
OF A SINUSBID.

FIGURE 63 POF‘S FOR RGPROB AN ARBITRARY SPTKE.

onz




REPROB LENPROB

FLTPROB

_/

FIGURE G5 PDF‘S.FOR ROPROB A TWIN TRIANGULAR

DISTRIBUTION.

RGPRUB GENPROB

FLTPROB

FIGURE G8 PDF’8 FOR ROPROB A TWIN TRIANGULAR DISTRIBUTION,
AND SEND FILTER BANDWIDTH 1 - 3889 HZ.
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G.3 Ideal COMPAC SONR versus Stimulus Level Ch

Stimulus Level

0.0
-1.0
~2.0
-3
~4
-5
-6
-7

202

stic

SR
11.120
12.290
13.667
15.301
17.173
19.390
22.060
25,323
28.777
31,424
33.919
35.286
35.298
35.432
35.339
35.360
35.253
34.990
35.054
34.928
34.595
34.314
33.948
33.572
32.902
31,889
31.261
30.329
28.626
26.906
25.638
23.923
20.974
17.946
15.340
14.037
11.059

-
iy
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G.4 Measured SONR Variation with Yest Length
§ = - 0,135 GB (unintentional) SR = O.
Stimyius Length SOvR (dB} SRR {aB} SR {aB)
(thousand _samples)  stimulus -74B stinulus ~13d8 i ~43dB

2 33,712 35,443 32,352
3 32,606 35,424 31,998
4 30,864 35,784 31,772
5 32,3864 7 35,726 31,792
s 26,999 35,302 31,746
7 25,896 35,397 31,981
8 25,694 35,443 31,995
. ) 26,453 35,433 32,008
10 25,411 35,408 31,984
1 26,027 35,533 31,961
12 25,817 35,344 31,968
13 26,336 35,437 31,940
14 25,453 35,311 31,874
15 24,673 - 31,905
16 23,809 35,361 31,968

17 24,698 - -
18 24,307 35,348 31,874

19 24,698 - -
20 24,570 35,356 31,877

21 25,152 - -
2 24,706 35,372 31,909

23 25,173 ~ -
24 24,785 35,371 31,882
28 24,822 5,369 31,946
32 24,865 35,418 31,966

N
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G.5 Measured SQNR as a Funetlon of Stimulug Frequency

Domain Parameters

G.5.1 Measured SONR Variation with Stimulus Centre Frequency

Stimulus

Band lfmits (Fz)

1-101
100-200
200-300
300-400
400-500
450-550
500-600
600-700
700-800

SOR (@8]
Stimulus: ~7a8
36,203
33,775
30,311
22,078
23,698
25,323
22,734
21,863
18,545

SONR  (aB)
stiwalus -134B

35,389
35,300
35,406
35,236
35,224
35,432
35,342
34,986
20,179

R (@8]
stimulus ~43dB
31,803
31,924
31,845
31,982
32,005
31,899
31,890
31,866
20,022
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G.5.2 Meagured’ SQNR Variation with Stimulus Bandwidth

Fllters initialised by 8000 samples,
stimulus centre frequency 500 Hz.

H

Bandwidtn SONR (aB) SONR (aB) SONR (aB)
£ (82) stimulus -7dB stimulus ~13dB stimulus ~43dB
i 10 22,249 35,338 32,267
3 15 25,645 35,445 31,89
. 20 29,881 35,536 31,963
R 25 24,889 35,402 31,957
! 30 24,073 35,317 32,048
35 23,016 35,326 31,998
40 22,547 35,295 31,981
; a5 22,743 : 35,240 31,986
50 . 25,254 35,198 31,715
i 2 60 25,474 35,423 31,958
¥ . 70 25,531 35,287 32,031
i B0 26,114 35,376 31,873
100 25,323 © 35,432 31,899
. 120 . 23,845 35,273 31,936
140 23,458 35,327 31,052
160 . 23,201 35,335 31,960

180 23,562 35,320 31,801




G.6 Data Converter:Signal Tevel to Optimise Test Set SNR

Digital Attenuator

X{dB)
2,78
5,48
6,27
7,13

8,05

9,02
10,01
11,01
12,21
11,41
11,61
11,81
12,01
13,01
14,00
14,99
15,99
16,99
18,00
19,00
20,00
25,00

SR = ~§ (dB} assumes unity gain PCM system,

206

£
(a8}

11,29
19,81
22,68
26,21
30,28
34,22
0,31
54,01
58,26
62,43
62,53
62,28
62,17
61,34
60,45
59,53
58,62
57,70
56,75
55,75
54,83
49,90

i
i
i

'
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G.7 Tests with Constrained Data Converter Resolution and

Filter Oxder

G6.7.1 Constrained Dats Converter Resolution
8-Bit a/D 10 ~ Bit a/p
D/A Resolution 10 12 14 10 12 14
SQNRTRE 748 25,16 25,17 25,16 2,24 25,25 25,24
SONR at -13dB 33,90 33,92 33,94 35,27 35,29 35,30
BQNR at ~43GB 31,13 31,14 31,16 31,82 31,84 31,85
12-Bit a/p 14-Bit A/D
D/A Resolution 12 14 16 12 i4 16
BONR &t -7¢B 25,31 25,31 25,31 25,31 25,31 . 25,31
SQNR at ~13dB 35,40 35,40 35,41 35,40 35,41 35,4
SQNR at ~433B 31,89 31,90 31,90 31,88 31,%0 31,50

T
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G.7 Tests with Constrained Data C

287

Resolution and

Filter Ordex

6.7.1 3 Data Converter Resolution
8-Bit A/D 10 ~ Bit A/D
D/A Resolution 10 12 14 10 12 14
SONK at ~7dB 25,16 25,17 25,16 25,24 25,25 25,24
SONR at ~13dB 33,90 33,92 33,94 35,27 35,29 35,30
SONR at -43dB 31,13 31,14 31,16 31,82 31,84 31,85
12-8it A/p 14-Bit A/D
D/A Resolution iz 14 18 12 4 18
BONR at -7dB 25,31 25,31 25,31 25,31 25,31 . 25,3t
SONR at -13dB 35,40 35,40 35,41 35,40 35,41 35,42
SQNR at ~43dB 31,89 31,90 31,90 31,88 31,90 31,90

i




S
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G.7.2 Constrained Data Converter Resclution and Filter Order

16/15 - Bit Set

208

Pole Paixs per 8 10 12 16

Recelve Filter

SQNR at -7dB 25,02 25,25 25,28 25,30

SQNR at -13dB 33,48 35,16 35,38 35,41

SONR at -43dB 30,90 31,77 31,87 31,90
14/12 ~ Bit Set

Pole Pairs per ic 12 14 16

Recelve Filter

SQNR. at ~7d8 25,26 25,29 25,30 25,30

SQNR at ~1348 35,15 35,36 35,40 35,40

SONR at -43dR 31,77 3t,87 31,89 31,89
12/12 - Bit et

Pole Pairs per 10 12 14 16

Recelve Pilter

SONR at —~74B 25,26 25,29 25,30 25,31

SONR at -13dB 35,14 38,36 35,38 35,39

SONR at ~43GB 31,76 31,86 31,88 31,68

+ ¥
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APPENDIX H SONR CURVE TRANSFORMATION PROGRAM: XFMG2S

¢ PROGRAM TO KFM SONR CURVESS
c FROM SONR PTS ESTABLISHED WITH GAUSSIAN STIMULI:
c TO SGNR CURVE FO% GAMMA DISTRIBUTED STIMULI
REAL VG(100),QG(100),VOFFST{AN)
HWRITE(4,200)
200  FORMAT(/," ENTER NUMBER OF PTS HEASUKED ON GAUBSIAN
SGNR: ") .
READ (9201 INPTSG
201 FORMAT(Y)
WRITE(6,202)INPTSG
262 FORHAT(’ FOR NEXT”,I3," LINES: ENTER STIMULUS LEVEL
6 SONR (DB):
F1s SHOULD BE ENTERED IN ORDER OF DESCENDING LEVEL.
80 L I=1,NPTS
1 READ(?-ZUS)VG(X).QG(I)
203 FORMRT (2Y)
HRITEL(&,204)
FORMAT{/,* ENTER NUMBER OF GAUSSIAN COMPTS GIVING GA
MMA APPRON:')Y
READ (9201 INAFFRX
CALL TBLE(NAPPRK,SPREAD,VOFFST)
00 2 I=1,NPTSC
YLOW=VG (1Y +SPREAD
SPREAD SHOULD BE NEGATIVE,
SPREAD=VOFFST (NAPPRX-1) IN DB.
IREM=1-3
IF(VLOW.LE.VGINPTSG) § GD T0 3
CALL TRNSPT{NAPPRK, V&, QG.VSP . &S, DIFF, IREN, VOFFST NPT

aa

SG3
2 WRITE(7,205)VSP,DIFF QS
205 FORMATIIK,F?.5:7 /7 (F%.5,7)',F2.5)
3 WRITE{&,206) IREN
206  FORMAT(/,T3,13,' PTS ON XFMED CURVE WRITTEN TO. OUTPY
T WORKSPACE.")

STOP

ERD

SUBROUTINE TBLE(NAPPRX:SPRERD.VOFFST)

REAL VOFFST(10

ROUTINE TO SET UP LEVEL OFFSETS BETWEEN PTS3

SET OF OFFSET PTS REQUIRED TO GIVE EACH XFMED PT.

NON-EQUISPACED GAUSSIAN STIMULI LOOK-UP TABLE.

IF(NAPPRX.NE.2) GO T

VOFFST(1)=20,0%ALOGLO(0, 31521/2,4935)

60 70 %9

2 IF (NAPPRU.NE.3) GO TO 3
VOFFST(1)=20.0%ALOGL0(O,22978/0.877272)
ggF?gT(2)=ZD.D*AL0610(0.22?75/5;555D5)

B JEANAPERY NE 4D GOL IO A s e -
VOFFST(1)=20, G*ALOGLE(O, 159133/0 667661)
VOFFST(2)=20.0%AL0OG10(0, 189133/1.15860)
VOFFST(3)=20.0%ALOCI0(0. 189133/11.00° ¢

aoa

s . - e

;
i
;
H
|
;
i
;
i

k2.4
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4 IF (NAPPRX,NE.5) €0 TO 3
VOFFST(1)=20.0%AL0G10(0,167115/D S04753)
VOFFST(2)=20.0%AL0G10(0,167115/L,862019)
VOFFST(3)=20.04AL0G10(0, 16711578, 50016)
VOFFST(4)=20,0#ALDG10(D, 1647115/28.7267) [
60 70 9% :

s IF (NAPPRX.NE.6) €0 TO &
VOFFST{L)=20,0%AL0G10(0.153346/0,4082569)
VOFFST(2}=20,0+ALOGLOLD. 153346/0,595078) :
VOFFBT(3)=20.0%A1 0G10(0,153346/1.09217) :
VOFFST(4)=20.D#ALOG1D(D, 153346/2,06926) :
VOFFST(5)=20,0%AL0GI0(D, 153346/ 843,38}

GO TO 99 .

6 IF (NAPPRX.NE.?) GO 10 7 {
VOFFSTI1)=20.0%AL.0G10{D0.144249/0.342228)
VOFFST(2)=20.04RLOGL0(D, 144249/D.ST7657)
VOFFST(3)=20,0%AL0GL0(D, 144249/1 . 04371 )
VOFFST (41220, 0%8L0G10(D, 144249/1.04402)
VOFTETIS) =20, O4ALOCI0LD . 144249/3,24052)
VOF, - '{6)540, D%ALOGLOK 0. §44249/203.49)
50 Te 9y :

7 IF{NAFPRX.NE.B) B0 T0O 8
VOFFST(1)=20.0%ALOG10(0,137901/0,299004)
VOFFST(21=20.0%ALOG10(0,137901/0.485768)
VOFFST’ ™" 120.0%AL0G10(0, 137901 /0. 805636)
VOFFS! . 20,D#ALOGLO(D,137901/1,14469)
VOFEST(y,=20.0%ALOC10(1,137901/1.18230)
VOFFST(6)=20.0%ALOGI0(0. 137901/5,48517) :
VOFFST(7)%20,0%ALOGLD( B, 137905/91.8962) i
€0 T0 99

8 IF (NAPPRX.NE.9) STOP
VOFFST(1)%20.0%ALOG10(D, 13445870, 254714
VOFFST(2)=20.0%ALOC10(0, 134458/0 . 521766
VOFFST(33=20,0%ALOGL0(D,134458/0,529311)
VOFFST(4)=20,0%AL0010(0,134458/1.04331)
VOFFST{5)=20,0%Ai0G10(0. 134458/1,26074)
VOFFST(4)=20,0#AL0G10(0, 134458/1,35.17) H
VOFFST{7)=20,D#ALOGLOCD, 30445879, 9244%)
VOFFST{8)=20,5 »ALOCLE (D, 184458745 . 4540)

99 NOFFS=NAPPRX-1
SPREAD=YOFFST (NOFFS)

RETURN

END

SUBROUTINE TRNSFT(NAFPRX, VG.Q6,VSF,Q8,0DIFF,IREM, VOF
FST /NPTSG}Y
REAL VG(10D)H REII00) A VOFFST (10),VGINTLL0) ,@EINT (10D, H

NSESP o .
ﬁ XEH IPNTR POINTS TO HIGHEST LEVEL STIMULUS PT . INVOLVED I E
: IFNTR=IREM+1 |
T8 CALL INTERP(NAPPRX,VG,QG, VEINT  QGINT,VOFFST, IPNTR, NP
[ DB REF T0 UNIT VOLTVAGE. i
c INTERPOLATED. VGINT NO LONGER IN.DB.

NSESP=0.0

vsP=t.0




00 { I=1,NAPPRX

ANSE=VGINT(I)#{10.0%* (-QGINT(X}/20.0))
HSESP=NSESF+ANSE*22
VEP=USPHVGINT{ I} %52
NSESP=NSESP/NAPPRY

VSP=YSP/NAPPRY

AVSP=VSP/NSESP

Q$=10.0#ALOGLO(AVSP)
USP=10.0%4L0G1DIYSP)

FING SONR GAUSSIAN AT LEVEL EQUIV Y6 SPEECH PT:
CALL SANRE (VG QG,VSP,QGYV,NPTSE)
DIFF=QGY-QS

RETURN

SUBEDUTINE INTERPINAPPRY, VG, QG YGINT » UGINT . VOFFST, IP
WIRNPTSGY

REAL VE(1DD),8G(100) VHINT (10),QCINT(18) ,VOFFET(10)
ROUTINE TO SET UP ONE SET OF PTS TO GIVE ONE XFMED P

. DEFINES THE VGINT(PURE NUMBER) & BGINT(DEB) TO BE USE
O FOR NEXT PY.
= MGINT {13 =VG{IPNIR)

NOFFS=NAPPRX~1

081 I=1,NOFFS

IX=X¢1 i

VGIN?(II)HVGINT(1)+V0FFST(1)

VOFFST(I) NEGATIVE VALUES IN 0B,

DR 2- I=1,NAPPRX .

VLPECEYRINT(I)

C@LL SENRG{VE, 06, VSPEC: OGVSFL,NPTSE)

) 15=RGVSP!
YGINT(I)=10.0%% (VGINT(1}/20.0}
RETURN

END

BUBROUTINE anRGxvc,us.vsPEc,qcvspc»NPTsn) :

REQL VG(100) .A6(100 :
N P73 ON caussxau SGNR CURVE3

THIS ROUTINE PERFORMS 7 LINEAR INTERPOLATION;

RETURNS SGNR CORRESPONDING TO SPECIFIED STINULUS LEV

SPECIFIED AND RETURNED VALUES ALL IN DB.

. -.DB BEF.TO UNXT VOLTAGE.. . . . . . -
. IFLVSPEC,.GT.VGILY) STOP

ASSUME VG(I} DECREASE WITH DECREASING I.

TECUSPEC.GT VE(IPNTR)) B0 70 2

CONTINUE

sToP

IPNTRZ=IPNTR~1

SLOPE={QGLIPNTR2)~ ﬂc(]PNTR))I(VG(!PNTRZ) VG(IPNTR)}
DELX=VSPEC~-VG{IPN

REVEFT= QG(IPNTR)+SLOPE*DELX

RETURN
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APPENDI¥ I A STMULATION PROGRAM FOR DETERMINISTIC STIMURI: SINES *

i : T.1 A Program to Set Up the Simulation: INITSN - .
3
c SET. UP DATA FILE FOR SINES:

: WRITE (6,508}
H ¥ 508 FORMAT(/.* BUILD UF MODULATING ENVELOPE:',/,” ENTE
R NUMBER OF BINUSOQIDAL COMPONENTS:')
IPLO=

READ (9. 100)NG

K 200 FORMAT(2Y)

H 160 FORMAT(Y)

3 . 1DUN=0
R 300  FORMAT(3Y)
WRITE(7,112)NG,IDUM

WRITE(6,500ING
500  FORMA{//," ENTER ENVELOFE LEVELS ON NEXT',I3,' LINES
3N

z PO 1 I=1,NG
L READ(9. 10018
3 : 1 WRITE(7:731)E i
. WRITE(6,736) : ;
736  FORMAT(/.' FILTER MODULATING ENVELOPE: ENTER NO. FO !

LES IN L-P PROTOI’) ;
RERD(%) ADOINLPS - 3
WRITE(6,111}

111 FORMAT(/,’ ENTER NUMBER OF SINUSOIDAL SUB-CARRIERS

REQUIRED: ')

READ(?,100}ISTP
HRITE(7,112)NLES . ISTP
WRITE(4,113}
113 FORMAT(/,’ ENTER- SAMPLING FREQ.., LOWER. UPPER MODUL
ATING FRER, 7§
READ (9 735)FS,F1,F3
735 FORMAT’3Y)
WRITE(7.710)FS, F1,F3
112 FORMAT(1X.IS,3X,15)
WRITE (4,737}
737 FORMAT{/.' ENTER LOWEST. HIGHEST SUB~CARRIER FREQS.
Ty .

READ(9,200)F1,F3
WRITE(7,710)F$,F1,F3
WRITELH,725) i
725 FORMAT(/,' NOW SET-UP THE SEND FILTER! ',/)
WRITE(6,101)

101 FORMAT(/,' ENTER LOWER, UFPER BANO EDGCE FREQS IN H N
Zo P ) i

READ(%:2001F1,F3 :
4 WRITE(S,102) !
102 FORHAT(I:’ ENTER RERD ORDER (EVEN) OF LGW-PASS PRO

TOTYRE. ¥ "./.7 0=NO FILTER REQLTRFD:
READ{7:100)NLPS
IR 113 & 4 -1 7 ¥ A ¥ AU
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3 FoRnATllv STMULATION 10 STOP WHEN SEND PROSS. FOUN
D? 1=YES: ',/ ;
READ(?.lDD)!STP s
: WRITE(7,112)NLPS, ISTP
H WRITE(7,710)FSF1,F3
: 710 FORMAT{1¥,FiB.3:2(2X,F10.3})
B WRITE(6:776)
' 726  FORWAT(/,’ ENTER NUMBER OF BITS RESOLUTYCN OF D/A : .
] L a0
N . READ(%,100)I18DA
; IF{IPLO.EG.1) IBDA=4
‘ WRITE(6,727) H
: 727 FORMAT(/.’ TEST SIGNAL LEVEL TO BE X DB DOWN ON PEA :
b 13 INPUT. +/,' ENTER REQUIRED X (DB)}: *,/)
: READ {9 1B0IRX
WRITE(7.728)IBDA,RX
728  FORMAT(T4,I4.3X,F10.3)
IF(ISTP.ER.1) STOP

4 WRITE(4:730})

i 730 FORMAT(/,’ ENTER ANALOG ATTENUATOR SETTING TO BE 81
H MULATED {DB}i",/)

{ READ(%,100)8

: WRITE(7,731)8

H 731 FORMAT(TS,F10.3}

E WRITE(L 732)

‘ 73z FORMAT(/, " HOW SET-UP SIGNAL FILTER ON RECEIVE SIDE §

i PETES)

’ HRITE(H,101)

. - READ(9,200)F1,F3 ;
WRITE(6,102)

READ (9,100 INLPS
WRITE(7,112)NLPS, 18TP
WRITE(7,710)F8.FL.F3
URITELS,734)

734 FORMAT(/,” HNOW SET-UP RECEIVE NOISE FILTER.'
WRITE(6.101}
READ(%.200)F1,F3
WRITE(&,102)
READ{%,200)NLPS
WRITE(7,5112)INLPS,ISTP
WRITE(7,710)FS.F1,F3
5TOP

72

- END
/DATA
/INC DAT; 8N
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1.2 Simulation Progrem for Determinietic Stimyli: SINES

oo oo

anw

707
e

709

DIMENSION E{512).AR(32767}
STIMULUS LENGTH FIXED.
ME=327467
DEFINE MODULATION ENVELOPE:
READ(5,112) NG, 100N
FORMAT (1%, 15,3X%,1I5)

NG=NUMBER OF GAUSSIAN COMPONENTS
DO 1 I=1,.NG

READ(S.730)E(T)
IA={327&B.0/2.0) /NG

SET UP ENVELOPE WAVEFORM:

SET UP MIDDLE FOR OVERLAR!

DO 5 I=146DDD 17000

AR(I)=E(NG)

BET UP FIRST HALF OF ENVELOPE:

L D0 2 I=1,NG . .

DO 3 J=1,1R

IPNTR=J+{I-11*I4

AR(IFNTR)=E(T)

CONTINUE

SET UP SECOND HALF OF ENVELOPE:

iB=IasNG

Bo 4 I=1,IB

IPNTR=32767-~1

IPNTR=IPNTR+1

AR{IPNTR}=AR{I) "

STEPPED ENVELOPE NRVEFORN NOW DEFINED.
WRITE(&,708)

FORMAT(* STEPPED ENVELOPE WAVEFORN DEFINED.’?
gsthLgTE ENVELOPE MEAN BEFORE FILTERINGS

DO & I=1.H8

SUM=SUM+ARLT )Y

SUH=SUM/MB

NOW FILTER ENVELOPE KAVEFORM:

REED (S, 112 INLPS, NSUB

NSUB=NUMBER OF SUB-CARRIERS,

READ{S5:740}F8.F1,F3

ISW=1

IF(RLFS,NE, DICALL FLIS{SR/MB,NLPS,FS,F1,F3,ISH.FPUR)
IF{NLPS. NE.0O) CALL HERN.AR,MB,SUM)

IFENLPE.NE.B) NRITE{L,707)

FORMAT(' ENVELOPE FILTERED.')

GENERATE SINUSOIDAL SUB-CARRIERS: THEN MODULATE:
READ{S, TLOIFS FL,F3

FS SAME VALUE AS BEFORE;

Fi AND F3 SUB-CARRIERS AT EXTREMES OF BANU.

CALL GEN{AR:FS,Fi,F3,NSUB)

WRITE(6.709)

FORMAT(® STINULUS GENERATEL.')




i
i
i

718

711

728
729

73D
731

73z

733

740
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NOW FILTER IF REQUIRED?
READ{S,112)NLPS, ISTP
READ(S,710)FS,F1,F3
FORMATLAX:F10.3,2(2X,F10.3))
18uW=1
FPWR=0.0
IF{NLPS.NE,0)CALL FLTS(AR,MB, NLPS'FSrFlyFS.ISNyFPHR)
IF(NLPS.NE.O) WRITE{6.711)
FORMAT(/,’ SEGUENCE FILTERED BY SEND FLYS. ’,/}
READ(S,728)IBDA,RX
CALL GUANTO(AR.MB,IBDA,RX}
WRITE(6,729}
FORMAT(T4,14,3X/F10.3)

FORMAT(/. BUANTO COMF. . el
1DUN=1
WRITEL7,727)I0UM

J27 o FORMAT T IR) o s e n

CALL PRBPLY(AR:MB)
IF{ISTP.ER.1) STOP
READ(5.,73038
CALL IDLPCM{AR.MB.IBDAR.S)
WRITE(H,731)
FORMAT(TS5,F10,3)
FORMAT(/," TIDLPCM COMPLETED.':/}
CALL CONVRY(AR.HMB)
WRITE(&,732}
FORMATL/,> TONVERT COMPLEYED.':/)
READ{G, 112)NLPR- ISTP .
READ{S710)FS,F1,F3
F1s=F1

IsW=0
CALL FLTS(AR MBNLPRIFS:F1,F3, ISH FPURY
SPUR=FPUR
WRITEL{&:733)
FORMAT{/,' REC. SICNAL FILTER COMPLETED.',/})
READ(S, 11ZINLPR. ISTP
READ(5,710)FS:F1,F3
CALL FLTS{AR,NAB,NLPR.FS:F1,F3, ISW,FPUR)
QPUR=FPUR
SNR=20. B*ALoslﬁ(SPUR/uPﬂR)
QPWR=OPUR¥IFS/2.0) /1"
SPUR=SPUR-QPUR* (FIS- FIS)/(FSIZ Q.
SNRC=20, 0¥ALOGIO(SPUR/QPURY
WRITE(A,740)SNR, SNRE
FORMAT(/," SNR= ',FB,3,T25,7 SHNRCG= ’,F8.3," (PB).',

$TOP
ENO

i
i
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SUBROUTINE FLTS(AR,M.NLPS,FS,F1,F3, ISH,FPUR)
THIS ROUTINE AS IN “PSPEC".

SUBROUTINE BUTTER(N.C,FS,F1,F3)

THIS ROUTINE AS IN “PSPEC".

SUBROUTINE QUANTO(AR K IBDA.X)

THIS ROUYINE AS IN °

SUBROUTINE lDLPCH(ARaH.IBDA 81

THIS ROUTINE AS IN *PSPEC".

SUBROUTINE CONVRT(AR.M)

THIS ROUTINE AS IN “PSPEC”. -
SUBROUTINE PREBPLT{AR/MB)

THIS ROUTINE AS IN "PSPECY.

SUBROUTINE GEN(AR.FS:F1,F3.K)

DIRENSION AR(AZ7673

T=1.0D0/FS

DELF=(F3~F1}/ ¢

Pl=4, DDO*DAYAN(& DDU)

00 1 1=1,.32767

. DAGC=B.HDOD |

09 2 y=1,K

Ju=d-1

DARG= (2. 0DD#PIX (FI+JJHDELF) % (1-115Y)

DT=SIN{DARR)

BACCADACCHDT

CONTINGE

BR(I)=AR(IY4DACT

CONTINUE

SUK OF SINUSOIDS EVALUATED AT A& PT., THEN MODI“.ATED.
RE? RN

SUBROUTINE NEAN{AR, M8, S1M)
OIMENSION AR(32767)
0O 1 I=1.MB

AR{I)=AR{I)+SUM
RETURN
END
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