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PREFACE

It is often said that the first half of the 20th century is the
age of energy and the latter half is the age of information. Infor-
mation processing involves the effective handling of numerical data in
a broad sense. However our principal interest consists in the infor-
mation processing in a narrow sense which is closely related to the
study of intellectual behaviofs of human beings including recognizing
process of two demensional patterns, speech Qounds and sequences of
semantic symbols or language, learning process and thought process.

In these fields, not only solving the mechanism of them but also
the physical realization of them are pursued. A number of psychological
and macroscopic experiments have been conducted to study themn., However
it has been difficult to perform physiological and microscopic experi-
ments using human beings as subjects from the nature of the experiments,
though they seem to be inevitable for solving the mechanism of intel-
lectual behaviors of human beings. Therefore the structures assumed
under hypotheses have been investigated regarding a psychological
phenomenon as a response of a black box. These experiments have been
carried out not only by means of physical devices but also with the aid
of digital computers. The use of digital computers seems to increase
more and more in the future because of their flexibility.

In engineering, a number of special machines for character recog-
nition and speech recognition have been designed and studied. In these
studies, digital computers are also used effectively for the examination
of methods and the checking of designs. The co-operation of a special

machine and a computer has been congidered posiiively of late.



Thus digital computers play the important role in fields of infor-
mation processing. It can be said that the study of information
processing is greatly due to the development of digital computers,

The both are related so closely that the development of computers seems
to be the development of information processing itself.

Although a digital computer is often overestimated so that it is
called an artificial brain, its ability depends deeply upon the progrﬁm
which is a schedule of its operations. What it‘can recognize is the
sequence of meaningless symbols to man, It is almost impossible for
man to handle these meaningless symbols on a large scale. Thus various
kinds of programming languages have been propesed and developed.
However, as fields for computer application become wider, it is more
difficult to describe various kinds of problems by one language whatever
general properties it has. Therefore, a great number of problem
oriented languages or simulation languages have been developed.

In this thesis, a simulation language which can be used effectively
and conveniently for simulation problems of pattern recognition systems
and communication network systems is studied. For the purpose of test-
ing advantages of the language developed, it is applied to speech
analyses. The apﬁendix is the reference manual containing detailed

descriptions of the language.
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CHAPTER 1

Introduction

In Pennsylvania in 1946 the electronic numerical integrator and
computer ENIAC, worked hard to improve the rate of hits of anti-aircraft
guns while struggling against the heat radiating from eighteen thausand
vacuum tubes. Since that time there has been a surprising development
in digital computers which has been associated with the rapid advance
in the techniques of the elemental parts comprised in then. Now the
new generation of the computer, that is, the generation of man-machine
co—operation.is upon us., Although various studies have been made of
its possible uses; the abilities of digital computers are especially
important in those fields in which arithmetical operations play an im-
portant role. Several arithmetical formular languages have been de-
veloped to perform the arithmetical operations easily and effectively.
They seem to have been incorporated in FORTRAN(i) and ALGOL(Z).
Furthermore, FORTRAN and ALGOL are also to be incorporated in the more
powerful general purpose language PL/I(B).

The increase of the speed and the memory capacity of the computer
enable; ideas previously rejected as impractical to be utilized. When
Buffon evaluated the value of T by falling a needle, as a postime of
leisure hours, his method was perhaps of mild interest. However, who
could have predicted that it would prove to be a powerful aid to numeri-
cal experiments? Indeed, the rapid progress of the computer enables a

(&)

method similar to it, referred to as the Monte Carlo method s to be

used effectively in numerical experiments in wide fields in combination



with the new concept of simulation. This combination of the statisgti-
cal or probabilistic method and simulation, due to Von Neumann and Ulam;
has opened the wide areas for computer apélication.

The definition of simulation in a broad sense means a desk ex-
periment which is carried out using a physical, linguistic and mathe-
matical model extracted from the actual object of study. In general

(5),

there are the following three types of simulation : all—comﬁuter simu-
lation in which only computers are used; all-man simulation in which
only the subjects are used; and man-machine simulation(s) which can be
constructed by interactions between the computer programs and a group of
the subjects. We will limit ourselves here to the first type, that is,
all-computer simulation., This simulation in a narrow sense can be
classified into the following two types.

The first are those cases in which no other means of experiments
than computer simulation can be obtained. Since the object of study is
closely related to such real problems as forcasting economic trends in a
state, constructing a traffic control system in a city, etc., the practi-
cal testing cannot be carried out without accompanying dangers or possi-
ble economic losses.

The second are those cases in which it is desired to build up some
system physically, although its specifications are not yet complete.

The simulations supplement the imperfect parts of such systems under
tentative assumptions until these assumptions can be finally verified.
The imperfection may be concerned_éith parameters or structures of the
system, Even in cases where the specifications are completed, the be-
havior of the system is examined hy the computer simulation in order to

discover whether or not the desired results will be achieved so that the
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design may be infallible.

In general simulation can be shown schematically in Fig. 1-1.
The system is the object of study, such as a traffic control system or
the building up of a physical design as discussed above.. Although the
complexity of the system and the uncertainties of so many elements of it
are such that it must be investigated with simulation, an investigator
can extract some information from his knowledge of the system in ordér
to check the results obtained from simulation. Algorithm or model can
be formulated on some assumptions and simplifications from the logical
structures underlying the complicated mechanism of the system, The
algorithm, which should be referred to rather as a specification of the
second type of simulation, is usually represented by flow charts, block
diagrams, a set of equations, a set of sentences, etc.,. Programming is
to make a program to operate the computer according to this algorithm;
Comparison of the results which are obtained by carrying out the program
with what an investigator expects, feeds back the command t§ alter some
of the parameters of the model or to modify the formulation of the object
of study. Thus simulation is performed again by the use of the new
model. The patterﬁ of formulation, programming, execution, comparison
and reformulation seems to be essential in simulation.,

Why is it necessary and advantageous to perform cbmputer simulation?
In the first type of simulati;n there is no other means of investigating
the behavior of the system. In the second type of simu}ation, the
system could be studied by constructing experimental devices., However,
in order that the model may be as close to such a system as the investi-
gator expects, unknown portions of the model, that ié, hiatuses in

the design must be eliminated by repeating the experiments, It is
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very difficult to repeat a number of experiments for modifying a part

of a device on account of the enormous time and expense»involved. By
contrast the elaborate programming system éf the computer is so flexible
that these can be done very easily and quickly. Indeed, one of the
most prﬁfitable advantages of computer simulation lies in this fact,
Furthermore a pure experiment that is not disturbed by noise is also
possible if the time and expense required can be spared, . The macro-
scopic and the'microscopiq behavior of the model can be‘observed by
controlling the time scale in the computer, In formulating the model,
which can greatly depend on intuitive factors, we can have more flexible
ideas if we assume. the use of computer simulation rather than proceeding
on the basis of physical devices.

In‘gene:al, the formulated models which may be described with a
set of sentenées, a set of the equations, flow charts, block diagrahs,
etc., are not always suited for programming with general purpose
languageé. If there be such.akdegree of similariﬁy in the baéic"
structure of the simulation models that they can be represented with
one of thebdescriptive methbds previously stated, a rapid method for
systematic conversion into computer prog?ams can be canstructed. " This
is usually calledva simulation language. Simulation languages have

(7)=(15)

been proposed and develobed for various fields. They not only
afford ways to make simulation programs easily, but also have greét
influence oh-fhe formulatio# of simulation models. In order to achieve
simulation effectively, therefore, it is important to know the features
of various simulation ianguages before formulating a simulation model

in this sense.

The study of a simulation language, KAIRO (this is a Japanese
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‘word meaning a circuit), suited for the second type of simulation is

described in the first half of this thesis., KAIRO lends itself best
to simulations of information processing sjstems that are represented
with block diagrams involving analog and digital signals.

Chapter 2 is a discussion of the differences between a general
purpose language and a simulation language in simulation procedures.

The difficulties that a general purpose language will encounter in
simulation procedures are stated in detail. The need and the require-
ments for a simulation language are considered to overcome these diffi-
cuities.

Chapter 3 is devoted mainly to the description of the grammatical
rules of KAIRO language. With KAIRO we can make easily a program to
simulated a model represented with a block diagram. A statement of
KAIRO which corresponds to one of the blocks included in it is expressed
in terms of a name assigned to the block, a function code, parameters
and the connection with other blocks, KAIRO also makes provision for
repeating simulation runs while changing the parameters of the model,
taking into consideration the essential procedure of simulation.

Chapter 4 is the description of the language processor which trans-
lates KAIRO into FORTRAN, One of the features of KARIO is that the
order of statements specifying the model can be arbitrary and independent
of the signal flow, This fact imposes a burden on the language pro-
cessor. This difficulty can be solved by using the list structure an@
push-down memory.

In the latter half of this thesis, chapters 5 and 6, KAIRO is
applied to studies of speech information processing. Chapter 5 is de-

voted to the study of infinitely clipped speech wave. The time length
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of zero-crossing intervals is a contihuous quantity., In the present
study, it was quantized so that it was classified in one of the pre-
defined number of intervals, The speech wave so transformed may be
called a time quantized zero-crossing wave. The intelligibility of
this wave was investigated, Furthermore, using data obtained in
measuring the intelligibility, the confusion matrices were constructed,
and.it was found that vowels and fricative consonants were fairly stable,
but that stop consonants and nasal consonants were much confused.
Chapter 6 is the study of the procedure for automatic extraction
of FORMANT, one of the parameters which play an important role in the
automatic recognition of vowels. This procedure was studied inde-
pendently of the development of the simulation language, KAIRO, but was
nevertheless done using the computer program, and some successful results
were obtained, Realization of the procedure with hardware devices
through anaiog techniques was tried in an attempt to form with the block
types in KAIRO an estimate of the scale of the whole system, The
supplementary experiments which were carried out using the block diagram
constructed increased the reliébility of the results previously obtained,
Appendix is the users' reference manual of KAIRO language (written
in Japanese). It contains the detailed descriptions of the grammar of
KAIRO language, especially the basic functions prepared in KAIRb
language, the operation method, the meaning of error messages and some
limitations mainly dﬁe to the scale of core memory of the available

computer,



CHAPTER 2

Simulation Language

2-1 General purpose language

A simulation model can be described in various ways as stated in
chapter one, By whatever form it is represented two kindsvof entiﬁies,
active aﬁd passive canAbe.recognized in the simulation model. In the
simulation of information processing systems they are exemplified by
devices and signals, The 'interaction between these entities is that
the signals are acted on by the devices and so changed. The simulation
model must describe these changes and the time sequence of such inter-
actions in the whole process.

A special program for simulating the model can be writtgn in any
one of the well-known general pﬁrpose languages such as FORTRAN, ALGOL
or PL/1, or in one of the so-called simﬁlation languages. . Whichever is
used, a general purpose language or a simulation language, the first
attention has to be focused on how to represent the entities and how to
express the interactions and their time sequence. It may fairly be said
that the ease of programming and the range of the problems which can be
treated depend on it, The alternative of a general purpose language
offers the investigator maximum flexibility in the design and formulation
of the mathematical model of the system being studied. Using the arith-
metical, the logical, the control and the input-output statements of a
general purpose language, he can write the program to specify the inter-
actions one by one and the time advancing mechanism by means of his own

programming skill, Furthermore, a general purpose language may be used
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similarly to a simulation language. Instead of attempting to write a
special program for each éimulation model, it is built up from a set of
subroutines already developed. Although such a method may require a
great deal of programming time to develop all the subroutines, it enables
the investigator to simulate a larger scale of simulation model con-
veniently, However it is inevitable that the range of simulation models
which can be built up from a finite set of subroutines is limited,

This method may be called a modular method.

So far as the simulation model, no matter how complicated it may
be, is limited to that whose behavior can be described in terms of
arithmetical and logical statements between algebraic variables, any
algorithmic language is capable of expressing the required model in
principle. However flexibility in these points is always associated
with an increase in difficulty in programming. The problems to be)in-
vestigated by means of simulation are generally those which have né ana-
lytical solutions or which cannot be expressed in an analytical form on
account of complexity even if so, The difficulty which may be en-
countered in writing a program for complicated models; especially the
dynamically controlled systems, lies in the control of the sequence
which consists of an organization for advancing the time and ordering
the interactions, It is left in the care of the programmer how to
advance the time through the simulation and how to piece together the
various blocks of program, which express the interactions occurring in
the model, into a consistent order, This difficulty is the disadvantage
of programming with a general purpose language.,

The next thing that should be done after programming is debugging.
During the first trial runs of the model, the programmer must obtain

evidence that his model operates correctly in the computer, So far as
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error checking procedure is concerned, there is the difference between a
general purpose language itself and a modular method. With the modular
method errors may only possibly occur in the main program which calls
the elaborate subroutines to build up the simulation model. On the
other hand, the possibility of committing an error will increase mmuch
more with a general purpose language because the programs corresponding
to the subroutines in the modular method must be made from scratch. Any
language processor of a general purpose language can check the programs
.for rule violations or capacity violations but as a rule, is not able to
check for logical errors in simulation programs. In order to obtain

- any information to trace the fault, special statements must be inserted
where they seem to be necessary.

As to output reports, a general purpose language still offers
flexibility in their design whether they be of a graphical or a tabular
nature. In this case flexibility is not associated with such difficul=-
ties as previously mentioned and so is very advantageous. Nevertheless
it will serve to lighten a programming burden to provide subroutines to
generate the graphical and the tabular output reports as well as sub-
routines to calculate the statistics guch as the mean and the standard
deviation and to form a histogram as done in the modular method,

Turning now to one of the basic elements in a simulation procedure
we conside; the modification of the simulation model, As construction
of the model in the computer is closely related to the control of
sequence, so is the modification of the model, Therefore it may be
more possible to introduce new errors in the program by partially chang-
ing the structure of the model than by simply changing'the parameters of

the model.
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In spite of its flexibility, a general purpose language, inciuding
the modular method, has been proved to involve great difficulty in the
most important part of a simulation procedure, that is, the conversion
of the model into the actual computer program.

(16) (17)

2=2 Simulation language

It has been proved that it takes great efforts and much time to
develop a simulation program by the use of a general purpose language
alone, and therefore that the rapidity and flexibility associated with
computer simulation can not be fully attained. This is because the
problems to be studied by means of computer simulation have become
larger in scale and more complicated in structure with the advance of the
computer, We have considered the origin of such difficulties, and a
number of simulation languages have been proposed and developed in order
to overcome them. The range of problems which can be studied efficient-
ly by the use of one of these simulation languages is, of course, narrow=-
er than those which can be dealt with by a general purpose language.

(7)

For instance, GPSS is best suited to certain types of scheduling and

(8) (15)

waiting line problems, DYNAMO and SIMULATE lend themselves best

to simulations of large scale economic systems that are described by

econometric models involving complex feed back mechanisms, and BLODIB(lo)

(18)‘accepts the sampled data systems described by a block diagram,
These sinmulation languages aim chiefly at the practical utility of an
easy conversion of a simulation model into a computer program at the

cost of generality and flexibility.

In fact they have been developed with the following objectives in
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mind(gx,
1. To produce a generalized structure for designing simulation models.
2. To provide a rapid way of converting a simulation model into a
computer program,
3. To provide a rapid way of making changes in the simulation model
that can be readily reflected in the machine program.
4. To provide a flexible way of obtaining useful outputs for analysis.

Since the range of programs which can be studied by means of a
simulation language is limited to some extent, some degree of similarity
will arise in the basic structure of simulation models. Thus, because
it is possible to extract the logical structure underlying the limited
range of problems and certain codncepts and operations which are used
commonly in these, it is possible to give more structure to a simulation
language than is possible to a general purpose language which has a
simple nested block structure. In this sense simulation languages are
a higher order of languages than the general purpose languages, though
simulation languages are taken as particularizations of the general
purpose languages in the sense that, however complicated the simulation
modei may be, it can be expressed in principle by means of a general
purpose language.

The description of a simulation model consists of the specification
of events which occur in the model and the specification of the inter-
actions of these events and the time sequence in which these interactions
occur, The events may be described conveniently in terms of such macro
instructions as are provided in a simulation language as the basic oper-
ation common in the models rather than in terms of arithmetical, logical

and control statements of a general purpose language. These macro
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instructions correspond to the subroutines of the modular method out-
lined in the previous section. However it is almost impossible to
design a language so that every fécility required in the future is pro-
vided for. Consequently, the language should be made open-ended by
allowing the user to design his own facilities in another language, for
example, a general purpose language, or an assembly language, and to
give these abbreviated names, This is known as the subroutine facility.
The complexity of the interactions of the events and the time
sequence in which they occur depends primarily on the properties of the

simulation model. For instance, in methods for moving the model through

time, there are two types of time flow mechanisms in use today the
fixed time increment programming method and the variable time increment
method, Of course the latter method is more complicated than the
former, A simulation language should be responsiple for making a
program related to these interactions and the time sequence. In par-
ticular the time sequence control should be made automatic because this
is so difficult that it is a major shortcoming in a general purpose
ianguage.

Even if a simulation model is easy to convert into a computer
ﬁrogram by the use of a simulation language, the possi?ility of -the
occurrence of error still remgins. This is because the more compli-
cated is the structure of the model, the more difficult it is to obtain
any information manually to make certain that the model works correctly
in the computer. It is desirable; therefore, to discover the Sugs in
the proogram automatically at early stage, and for it to be ﬁossible to
obtain conveniently informations which is of use in'discovering thqm.

With a general purpose language, rule violations and capacity
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violations are only checked before the final simulation results are
examined. On the other hand, the language processor of a simulation

~ language should include a diagnostic or error checking program that can
detect not only rule violations and capacity violations but also the
primitive logical errors such as the existence of feed back mechanisms
impossible to order in the sequence. This is one of the great differ-
ences between the two languages.

Output reports are very important because they are the material
used to decidé the results of the simulation and to issue the command
to modify the simulation model. It is generally very troublesome to
specify the style of output reports. In a simulation language, it is
desirable to obtain several kinds of output reports such as a graphical
output and a tabular printing conveniently without the detailed speci-
fication of the output formats, It seems self-contradictory to desire
a wide range of output styles without the detailed specification of
those styles. The solution is to define styles which seem to be

required occasionally and to call for them by the abbreviated names.
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CHAPTER 3

KAIRO language'1?) (20) (21)

3«1 Introduction

The advantages and requirements of a simulation language have been
considered in chapter two and have been compared with a general purpose
language. Under these considerations a simulation language KAIRO (a
Japanese word meaning a circuit) has been developed for the digital
computer HITAC-5020, which is best suited to the problems concerning
the simulation of an information processing system, including both ana-
log and digital signals, such as communication networks, pattern recog-
nition systems and speech analysis and synthesis systems. It is assumed
that the digital circuits operate synchronously. A simulation model is
described in the form of a block diagram drawn with a fixed set of pre-
defined block types, the number of'which is about fifty. In this sense
KAIRO language may be called block diagram language. Each block t}pe
represents a specific action that is characteristic of some basic oper-
ation that can occur in an information processing system including both
analog and digital-signals. Connection between the blocks of the block
diagram indicates the flow:of signals through the model. The block
diagram describing the simulation model is converted to a set of state-
ments. One statement correéponds to one block in the block diagrgm and
is expressed in terms of a label assigned to the block, a function code
expressing block type, its input connections and parameters. The
sequence of the statements may be arbitrary independently of the flow of

signals through the model. It is also possible to repeat simulations
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as changing some parameters of the model.

VThe KAIRO language processor accepts a source program consisting-
of a sef of statements, reveals the sequence of the interactions between
signals and devices described implicitly by the connection between the
blocks and generates the program written in FORTRAN to simulate the model
which it is desired to investigaté. The generated FORTRAN object
program is once punched on paper tape or cards, or written on a magnetic
tape. It must further be processed by a FORTRAN compiler to execute a
simulation run, (See Fig. 3-1)

The advantage of using FORTRAN as an interlanguage between KAIRO
language and machine language enables FORTRAN statements to be inserted
directly into a KAIRO source program. The flexibilities of FORTRAN are
thereby‘combinéd with the facilities of KAIRO. This combination fa-
cility contributes to designing complex functions nqt provided as block
type in KAIRO and various kinds of input and output routines. It is
not desirable to confine to one machine a programming system troublesome
to develop in the present situation in which the kind and the scale of
available machines are rapidly developing. At least the FORTRAN object
program of KARIO may operate in most other machines, which will probably
have FORTRAN language processors. This is another reason for adopting
FORTRAN as an interlanguage between KAIRO language and machine language.
The disadvantage of doing so is the inefficiency of the final objeét
machine brogram‘résulting from its passing through two language processors.

KAIRO is similar to cpss(?), Bropis(1®)(18)

log simulators(zz)(ZB)(zg) in that it is a block diagram language. It

and other digital ana-

is mainly concerned with the problems of the signal processings which

IS
.

have less probabilistic characteristics, while GPSS is best suited ®
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to certain types of scheduling and waiting line problems which are
essentially probabilistic. Most digital analog simulators devote thcu.-
selves to the digital simulation of analog coﬁputers, but not to pulse
or logical circuits., KAIRO is very similar to BLODIB in the language
structures, which played the part of a guiding model in developing

KAIRO language. However, BLODIB is concerned with the sampled data
system, In the simulation of continuous circuits whose input and out-
puts are band limited time functions, one must first design a pulse
circuit whose output pulse would correspénd to the sampled values of the
desired output, On the other hand, KAIRO is rather similar to the
digital analog simulétors in that it attempts to simulate a continuous
circuit directly, though the approximate computation is essential in the
digital simulation, This difference will be apparent in the simulation
of a linear network. It is performed by means of a z-transform in
BLODIB, whereas KAIRO can simulate directly the linear networks repre-
sented in terms of a Laplaée fransform, a/(s+b) or (as+b)/{(s+c)2+dz} .
Although most of digital analog simulators generally use a refined inte-
gral procedure such as the second order Runge-Kutta method or predictor-
corrector method, KAIRO adopts a simple trapezoid rule to reduce the
computing time because most of our problems require a number of repeated
cycles in a simulation. The error introduced‘by this simplification of
the integral procedure can be tolerable, as will be exemplified in the
section 3-5, KAIRO can handle the logical operations, but is rather
inefficient in a large scale logical circuit compared with other special

(25)

purpose logical simulators because it has no provisions for

partial.word procedures,

- 18 -



3-2 Entities in KAIRO language

3-2-1 Signals and their representations

There are tﬁo kinds of entities, passive and active in KAIRO
language. The passive entity is a signal flowing through a simulation
model. The active one is an elemental device constructing the simu-
lation model, yhich acts on the signal. There are the following four
types of passive entities, that is, signals; (1) analog type, (2)
integer type, (3) logical type and (4) trigger type. The analog type
of signal is represented by a floating point number in the computer and
other types of signals with fixed point numbers. The analog type of
signal is a continuous time function, and the integer type of signal is
the output of counters, which is used to control a circuif with multi-
contacts. Although it is in practice represented by a binary signal
of multi-channels, it may be idealized to the integer type of signal.
Both: logical and trigger type of'signal are two valued logical functions.
As their difference is shown in Fig.3-2, the logical type of signal re-
presents the continuous time function, while the trigger type of signal
represents the time discrete signal. It causes each block type to
require the predefined types of signals and to produce the particular
type of signal that the signals flowing in a simulation model have their
p%%icular types. The output of the block type that cannot be defined
exactly as a delay line inherits that of input signal. The type mis-
matching, pertaining to input connection, that may possibly occur in the

programming stage, will be discovered by the language processor.
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Fig. 3-2 Logical type(left) and
trigger type(right) of signal.

3-2~-2 Block type

The dominant tyﬁe of entities in~KAIRO language is an active entity,
that is, a device. Connection of devices describes a block diagram, or
a gimulation model, On the other hand a signal does not appeér ex-~
plicitly in the description of the simulation model. A set of the
elemental devices are provided as bloék types. Each block type re-
presents a basic operation which is necessary to handle the kinds of
signals described in the previous sections;. A list of all the availa-
ble block types is shown in Table 3-1. Most block types have some input
terminals and a signal output terminal. The number of inputs is fixed
in some block types and in the other blpck types it mayvbé arbitrary in
principle, but the'memory capacity of theiavailable coﬁputer limits it
tovtwenty-five in the present form of the language processor. Some
block types have more than two output terminals. The number of outputs
is fixed in some of them and may be arbitrary but is now limited to
twenty_five in the others. In the current form of the language, the

delaying-type block, which plays an important part in constructing a



Table 3-1

List of Block Types.

Type Function Parameters Inputs
INP1 Input box 1 Record length None
‘ File name :
Clock time
Device number
INP2 Input box 2 Record length None
Number of records
Clopk time
ouUT1 Output box 1 File name Signal
Indicator of
positioning
Device number
ouT2 Output box 2 File name Signal
Indicator of
positioning
Device number
Indicator of
operation skipping
DEL Delay line Number of units Signal
: delay :
AMP Amplifier Gain Signal
ADD Adder . None m-Signals
SUB Subtractor None + Input
' - Input
MLP Multiplier None 2=-Signals
DIV Divider None Dividend
Divisor
BAT Battery or bias | Bias (Signal)
ACC Aécumulator Reset level Signal
(Reset
control)
MAX Maximum circuit None m-Signals
MIN Minimum circuit None m-Signgls
HLD Sample and hold | None Signal
Sampling
control
MSW Multi-switch Off-level Control .
m-Signals
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Table 3-1 List of Block Types(continued).

Type Function Parameters Inputs
DIS Distributor Off-level Signal
Control
DBC Decibel converter] Gain Signal
SQT Square rooter None Signal
PCL Peak clipper Upper clipping level]| Signal
and/or
Lower clipping level
BCL Base clipper Upper clipping level| Signal
and/or
Lower clipping level
QNT Quantizer Levels Signal
LQT Linear quantizer | Step size Signal
ABS Absoluter None _ Signal .
AND AND circuit (Threshold) m-Signals
EOR Exclusive OR (Threshold) 2-Signals
circuit
IOR Inclusive OR (Threshold) m-Signals
circuit
NOT NOT circuit (Threshold) Signal
CNT Counter Reset level +Set signal
Upper limit (-Set signal
Lower limit (Reset
control)
SHR Shift register None Signal
(Shift
control)
MMV Monostable Pulse width Set signal
multivibrator (Reset
control)
FFL. Flip-flop. None 3-5ignals
AMV Astable Initial phase (Control)
multivibrator 2-Pulse widths _
SCH Schmidt circuit 2-Thresholds Signal
CIN Coincidence 2-Thresholds Signal
circuit
TRG Trigger circuit None Signal

g
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Table 3-1 List of Block Types(continued).
Type Function Parameters Inputs
FLT1 Pilter 1 ( -2 ) a5 8, Signal
‘ Sampling period
FLT2 ‘Fnurz(ajE%%;r % a1»85,83,2, Signal
Sampling period
RCF Rectifier Time constant Signal
Sampling period
coS Cosine generator | Amplitude None:
Frequency
Phase
Sampling period
RNG Random noise Initial phase None
generator Standard deviation
GEN Function (Period) (Control)
generator Sample points
Sample values
*
PRT1 Printer 1 Number of I-type m-Signals
inputs %
Number of A-type
inputs o
Starting point
Pitch
PRT2 Printer 2 Number of I-type Control
inputs m=-Signals
Number of A-type
inputs
SWT Switch None Control
2-Signals
GRAPH | Graphical output | Maximum 1-10 Signals
Minimum
Starting point
Pitch
Number of sampling
points
FBOX FORTRAN box Number of FORTRAN m-Signals
: statements
DUM Dummy box None Signal
CLOCK Clock pulse None None
generator

* A-type means an analog type of signal and I-type means

other types of signals.
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block diagram as will be stated in the next section, is a simple delay
line only. Signal generators as well aé output report generators are
important in simulation. For this purpose the six block types are
contained in the list. They are two block types to read dafa from a
magnetic tape and from a paper tape, a function generator, a cosine
wave generator, a random noise generator and an astable multivibrator.
The output report generators are two printing routines, a graphical

output routine and two magnetic tape handling routines.

3-2-3 Construction of a block diagram

KAIRO language has been developed to simulate a block diagram in
wﬂich the analog and the digital signals can flow. The digital parts
of the block diagram have been assumed to operate syschronously, In
general the output of a block can depend on the present and all the past
input signals., The block whose output depends only on the present
input signal or signals is called memoryless. On the other hand, the
block whose output depends on the present and the past input signals is
called a block with memory. The t;me discrete, in other words, synchro-
nous operation doeé not introduce errors intblthe output of a memoryless
continuous network, while it will introduce some errors into the output
of a continuous network with memory. For sugh a network to produce the
correct output, the knowledge of only the input signals at the discrete
time points is not sﬁfficient. In other words, the output of the block
with memory cannot but be determined approximately by the input signals
at the current and all the pa;t smapling poiﬁfs; If this approximate
output can be accepted (cannot but be accepted, in fact), all the block,

continuous as well as digital, to be simulated with KAIRO will thus
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operate synchronously in this sense.

The block whose output is indepéndent of the current input signal
or signals is called a delaying-type block, and otherwise a nondelaying-
type block. Only a simple delay line is specified as a delaying-type
block in the list of blqck types, that is, Table 3-1. The output of a
nondelaying-type biock cannot be computed until all the‘inputs to‘tﬁis
block have been determined, becausetthe output of this type of block is
a function of.its current inputs. On the other hand the output of é
delaying~-type block can be determined independently of its present
inputs. 1In other words, it is a function of (equal to, in fact) its
past inﬁut. Therefore it must be coﬁputed beforé its input is over-
written with a current value. ~If another delayingftype block refers
to its outéut, thé output of the former mugt be comput;d before-tﬁat of
the latter according’to the rule just stated,

Thus the language processor cannot accept the block diagrams
containing thé following two kinds of closed loops:

(1) a closed loop with no delaying-type blocks;

(2) a closed loop with all delaying-type blocks.
Otherwise, the block diagram is deemed acceptable, If the first kind
of closed loop has any physical meaning, its function can be replaced
with any other block type or the acceptable combination of blogk types
in most cases, as a simple amplifier can be substituted for an amplifier
with a negative feed back loop that is not acceptable, Rejectind the
second kind of closed loop would not make it difficult to construct a
block diagram. The reason is that such a clo;ed loop cannot produce
any useful output because all the delaying-type blocks are initialized

at zero. Whenever an acceptable block diagram can be drawn from the
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block types in the fixed list, it can be simulated to the extent that

the memory of the computer can accommodate.

3-3 KAIRO statement

KAIRO language has the two kinds of statements, One describes
the blocks comprised in a block diagram to be simulated and the other
describes the change of parameters of a block. - These are called KAIRO

statements,

3-3=1 Statement for the specification of a block

This statement consists of a label field, a function field, a
parameter field and an input field, One statement describes one block
in the diagram, The label field contains the label assigned to the
block by the programmer. It is a string consisting of one to five
" alphabetic or numerical characters, the first of which must be alpha-
betic (in KAIRO language an alphabetic character means one of the
capital letters from A through W, and the letters X, Y and Z are re-
served for the variable names generated in the object program byrthe
1anguage'proce§sor and the programmer is forbidden to use them in order
to prevent confusion between generated variables and programmer's labels).
The label is regenerated, as it is, for a FORTRAN variable representing
the output value of the block in the object program. One of thé block
types listed in Table 3-1 is contained in the function field as a
function code. The parameters given to the block (such as a gain of an
amplifier) are separated by commas and listed consecutively in the -

parameter field, They consist of the alphabetic, the integral and the
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real parameter. The alphabetic parameter is a string composed of one
to ten alphabetic or numerical characters, the first of which must be
alphabetic, and is used for the name of an input or output data file.
The integral parameter takes the same format as that of the I-type
number and the real parameter takes the same format as that of the F-
type number or the réstricted E-type number in FORTRAN, The labels of
the input blocks which must be the labels of other blocks are listed in
the determined order in the input field, separated by commas, In some
block types the number of the parameters and that of the input blocks
must be fixed, but they may be arbitrary in othef block iypes.
The KAIRO statement is punched on a card in the same format as

that of the assembly language, HISAP(26), of HITAC-5020, In column 1
a blank or a character "C" is punched, The character indicates thaf
the card should be interpreted as a comment card. The label field.
corresponds to the location field in the assembly language (columns 2
through 11) and the function field corresponds to the operation field
(columns 12 through 18)., The parameter and the input field are sepa~
rated by closed quotation-marks and are listed consecutively in columns
19 through 72 corresponding to the address. field. Each statement is
generally punched on one card, but a provision for interpreting two or
more cards as one statement is made, In this case the last comma on a
card must be replaced by the continuation symbol " / "'and the inf;r-
mation on the next card must begin from column 19,
Examples;

(1) ¢ EXAMPLES OF KAIRO STATEMENTS

(2) a1 AMP  100.0"A2

(3) MAGTAP OUT1  ABCD0038,2,1"RINP
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(4) ADDER ADD "BB1,BB2/

BB3,BBL
(5) D DEL 5'"A1
(6) FG GEN 1,100,150,200,0.,123,0.,0."T1

Statement (1) is self-explanatory. Statement (2) expresses that block
Al is an anplifier with a gain of 100.0 wﬂich is connected with block A2
at its input terminal. It is shown in statement (3) that the output
values of block RINP are filed with a file name of ABCDOO038 on the
magnetie‘tape device of logical number one. The positioning of the
magnetic tape is directed by the second parameter, 2. In this case

the corresponding operation is to record from a loading point and to
rewind after recording. Block ADDER is an adder with four inpuf blocks
BB1, BB2, BB3 and BB4, The way to carry over the information of one
statement to the next card is shown in statement (4). Block D is a
delay iine posseséing five units delay. Block FG is a function
generator produéing the signal decided by its parameters at the time
point (the relative clock time 1) when the control signal T1 becomes
one, that is, logically true. It takes the values of 0.0, 123.0, 0.0
and 0.0 at the relative clock times 1, :00, 150 and 260 respectively,
while it takes the interpolated values at nonspecified clock times, and
the value at the last specified clock time is held by the time T1

becomes one again.

3-3-2 Statement for the change of parameters
The format of this statement is the same as that of the previous
one., In the label field is written therlabel of the block whose parame-

ter or parameters are desired to be changed. The function field has no
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entry. The parameters are called first parameter, second parameter,
etc., in the order in which they were listed in the statement specify-
ing the block, and if the block has the integral parameters, including
the alphgbetic parameters in this case, and the real parameters, these
are ordered separately. The pairs of the ordinal number én@ the value
of the parameter which was to have been changed are listed, being sepa-
rated by closed quotation-marks in the location corresponding to the
parameter field and the input field. The order in which these pairs
are listed may be independent of the ordinal number of a parameter.
Some parameters, for iﬁstance. the number of units delay of block
type "DEL (delay line)", which are used to decide the structure of the
corresponding object program cannot be altered Sy the above mentioned
statement. The parameters which can be altered generélly operafé as
mere consfants. The siatehent to change the parameters will be ex-
emplified below. The headed statement numbers are in correspondence

with thosé of the previous examples.

(2) A1 1,120
(3) MAGTP 1,ABCD0039
(6) FG 2,50"3,140"2,158.8

The gain of block A1 will be changed from 100.0 to 120,0 by statement
(2). ‘Statement (3) says that the next file name to be recorded on the
magnetic tape device labeled MAGTP is ABCDOO39. In block FG, the
second and the third integral parameter will be changed from 100 to 50
and from 150 to 140 respectively, and the second real parameter from

123.0 to 158.8.
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3=3=3 Modification of function by the omission of input blocks

The general aspects of KAIRO statement have been described in the
previous sections, This section and the following two ones will be
assigned to the description of the special but very characteristic
aspects of it. One of them is that the functions of séme block types
can be modified by the omission of some inputs the positions of which
are predetermined. It is an advantage for memorizing that the modi-
fication of the function has very intimate hardware correspondence.
One such modification occurs in block type " BAT ", If it has one
input, then it acts as a bias. On the contrary if its input is omitted,
then it acts as a battery. Other example could be observed in block
type " GEN " (see statement (6) exemplified in section 3-3-1). _ If it
has no input, it generates the periodical signal whése period is indi-
cated by its first integral parameter, These examples will be de-

"scribed by the following statements

B1 BAT 5.36E+01"A
B2 BAT 5.63E+01"
FG GEN 200, 1, 100, 150, 200, O., 123., 0., O.",

3-3-4 Block type with multi-outputs

There are some block types which are able to offer more than two
outputs in KAIRO language. This is one of characteristics of KAIRO
language in comparison-with other block diagram languages. Such block
types contained in the current stockpile are so trivial that this
facility does not seem so efficient. However it would have enormous
potentiality in the future development of thé language. For insfance,

assuming that the language would be developed so that it could accept
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the subroutine written in KAIRO language, the fact th;t a block could
offer multi-outputs would be very necessary, because the subroutine
would often have more than two arguments whose values would be decidea
in the. subroutines.

Each output of such block type must be labeled in order to dis-

tinguish one from the other, which is done with block type "DUM" as

follows,
D DIS 0.0"A1,C1
D1 DUM "D
D2 DUM "D
D3 DUM "D
D4 DUM "D

Block type '"DIS" is a distributor with a signal input and a control -
input, yhich distributeé.the signal to the output terminal decided by
the control input and the value of.the parameter to the other outbut
terminals, The order of the statements defining the labels of the
outputs is so important that it decides the correspondence o: a label

to an output terminal,

3-3=5 Insertion of FORTRAN statement

It is almost impossible to design a language so that every facility
which may be reﬁuired in the futiure is provided. Consequently, it iﬁ
desirable for the language to be made open-ended by allowing the
programmer to design his own facilities in other languages. In KAIRO
language it is permitted to write FORTRAN statements in a source program
on the same level as the KAIRO statement. Special block type "FBOX"

is provided for this purpose, which has no particular function, but is
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put at the head of the sequence of FORTRAN statements to be inserted.

A set of FORTRAN statements preceded by a "FBOX" statement acts as
other block types provided in KAIRO language. With this block type
the programmer is able to construct his desired functions or nonstandard
input and output operations. He may write down not only a set of
statements expressing his new function directly but also the calling
sequence of the subroutine expressing it and add the subroutine itself
to the generated object program in the execution run. One of the
applications of this block type enables him to discover the occurrence
of the abnormal situation of the model being simulated in the execution
run and to dump the contents of core memory representing the state of
the model or to cease the simulafion. It should be noted that block
type "FBOX'" cannot define a new function code as the so-called
programmer's macro cane If the new function defined with it is
frequently used in a program, its definition, therefore, has to be

written whenever it is needed.

Example 1
B FBOX  @"A1,A2
B:SIGN(1.5708(*),A1) , (*) 1.5708=T/2
IF(Az.NE.d.o) B=ATAN(A1,A2)
Example 2
A FBOX 2

READ(5,8000) A1,A2,A3
8000 FORMAT(3F10.6)
Al DUM "A

A2 DUM "A
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A3 DUM "A

A parameter of "FBOX" statement indicates the number of FORTRAN state-
ments following it. 'Thé labels of blocks which are referred to in
some FORTRAN stafements must all be listed ig the input field. The
value decided with a set of FORTRAN statements is generally assigned
to the label defined with "FBOX" statement as in example 1, | If they
decide more than two values, the labels for them must be defined with

"DUM" statements as in example 2,

3-4 Control instructions and source program

3-h-1 Control instfuetions

Four control instructions, "KAIRO", "CHP", "END" and "FIN", are
provided in order to define the program units constituting a source
program of KAIRO language. "KAIRO" indicates that the sequence of the
statements following it are those for the specification of a block.
"CHP" indicates that the sequence of the statements following it are
those for the change of parameters, "END", making a pair with “KAIRO"
or "CHP", limits the range of influence of the paired control inétruction.
Furthermore "ENDﬁ paired with "KAIRO" ié able to appoint the clock time
as an option at which the simulation will get through. "FIN" is placed
at the end of thesourceprogram"to make the language processor recog-
nize that the source program is completed.

The control statement, as the statement includipg the control
instruction code is called, is punched in thé same format as that of a
KAIRO statement, Instead of a blank, the symbol " # " is punched in

column 1 in order to emphasize that the card contains the control
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statement. The control instruction code is punched in columns 12

through 18 and the option starting in column 19 if necessary.

3-4-2 Source program of KAIRO language

There are two program units in KAIRO language. One of them
describes the model to bg simulated, and consist of the sequence of the
KAIRO statements for the specification of a block stated in section
3-3~1, preceded by the control statement "KAIRO" and followed by "END",
As a matter of course, it must contain the statements describing all
the blocks in the model. The_order of the statéments contained may be
independent of the constitution of the model, that is, the block diagram;
Although'the computation must be done through the signal flow, precisely
according to the rules mentioned in section 3-2-3, the arrngement of
the statements is left to the language processor. The programmer could
arrange them in cases where the model was represented by a simply con-
structed block diagram, but it would be very difficult to QO so in cases
where the model was represented by a block diagram involving a number of
blocks and very.complex feed b%ck loops. The automatic arrangement of
the statements could lighten a programming burden considerably. = The
model to be simulated can be specified completely by this program unit.

There are three alternatives fo: specifying the required length
of a simulation run. The first alternative is offered by the block
types for data input such as "INP1" and "INP2", These block types can
issue the command to stop the simulation spbntaneously at the moment the
data of the file just treated have been exhausted. The second method
is to appoint the clock time to stop a current of the simulation with

the option of an "END" statement, The details will be illustrated in
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the next section. The third method is offered by block type "FBOX"
as stated in the previous section.

Another program unit is employed to simulate the same model
repeatedly while changing some of the parameters. It consiats of the
sequence of the statements for the change of parameters, headed by
"CHP" and terminated by "END", The order of the statements contained
may still be arbitrary. One program unit to alter the parameters
corresponds to one of the repeated simulations. The parameters which
have not been altered hold‘the old values, On the other hand, the
parameters once changed hold the new values by the time they will be
instructed again.

A source program in KAIRO language is defined with the program
unit to describe the model only or this and some program units to change
the parameters. In both cases it must be terminated finally by the

control statement "FIN",

3~5 Example and its results

The response of a simple LC circuit shown in Fig. 3-3 to a sine
wave was computed by KAIRO language, as a typical example. Let the
input and the output of the circuit be x(t) and y(t) respectively, then

the differential equation describing the circuit is as follows:

2
u+2aﬂ+(a2+w2)y=(a2+w2)x (1)
,dtz dt

where 'a = R/2L and wo = 1/LC - Rz/hLz. The output response y(t) to
the input x(t) = E sin(wot) was computed under the initial condition

y = O and %% =0 at t = O,
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There are three approaches to solve the equation by menas of
KAIRO language. The first approach is to compute the analytical
solution of the differential equation (1) directly with FORTRAN,

It can be obtained as follows after a priﬁary computation,

y(t) = e-at (A cos(wt) + B sin(wt)) + C cos(wot) +D sin(wot) (2)

where A = - C
B=( aC + wOD )Y/ w
2 2 2 2 2,2 2 2
Cu-zawo(a + vy )E/{(a + W —wo) +ltaw° }
D = (a2 + W 2)(az s w - 2)E/ {(a2 v - 2)g + halw 2}.
o o o o

In the second apbroach, the representation of the equation (1)

in terms of a Laplace transform is intermediate, as follows;

_ 2, .2
Y (5) = a * ¥

5 X(s) (3)
(s+a) +w

Therefore the circuit responsé in this case can be computed with
block type "FLT2", which is implemented to compute the output
response of the circuit represented in terms of a Laplace transform
(cs + d)/gs + a)2+ b?}, In the compiled form of block type "FLT2",
the convolution integral of the input signal and the memory function
of the circuit is approximated by the trapezoid rule.

The third approach is to constructa block diagram, referring to
the corresponding representation of the equation.(3) in terms of a
z-transform, It is given by

z-le-aT(aa + wz) sin(wT)

w{1 - 22"t T cos(wr) + z-2e~28TY

Y (z2) = X(z)

where T is the sampling period. The following two equations make it

easy to transform the above equation into the block diagram;
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Fig. 3-4 The block diagram for computing the respounse
of the circuit shown in Fig. 3-3 to a sine wave.



-1 =aT, 2
e

Y (z) = = (a” + wz) sin(wT) Yo(z)/ w

(&)

a 2 =2aT
e

Y (z) = X(z) + szie- Téés(wT) Y (z) -z Y (z).
o o o

The three methods shown above are incorporated in Fig. 34,

Block TVAL inserts the FORTRAN statements in the KAIRO program with block
type "FBOX", which describes the procedure to compute the analytical
solution (2) of the differential equation (1). Block FLTER computes the
second output with block type "FLT2'! according to equation (3). The
blocks from block ADDER to block AM3 with the feed back loops composed
of a delay line and an amplifier are constructed according to equations
(4) and (5) to produce the third output. Block SS is a cosine gener-
ator to apply the sine wave x(t) = E éin(wot) = E cos(wot -%g ) to
block FLTER and block ADDER. The three solutions are shown graphi-
cally by block type "GRAPHY,

The block diagram appearing in Fig. 3-4 is specified by KAIRO
language as in Fig. 3-5, in which the compiled lists generated by the
KAIRO compiler are also included. It should be noted that block type
"GRAPH" is compiled into a subroutine subprogram. The sﬁmpling period
T, that is, the clock time interval with which the whole circuit operates,
was 100 micro seconds. The amplitude E of the sine wave to be applied
was 1000, and its frequency w°/27t was 500 cps, gt first, ﬁhich was
changed to 300 cbs with the CHP-program as shown in Fig. 3-5. The
constants of the LC circuit, that is, the coefficients of equation (1)
were sef as follows,

a = 100T ( rad/sec )
w = 20007 ( rad/sec ) .

Thus the coefficients appearing in the equations (3), (4) and (5) were
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KAIRQ SOURCE PROGRAM

SEXAMPLE KAIRO ¢

C EXAMPLE OF KAIRO PROGRAM

SS cos 1000.,500.5-1.,5708,0,0001

FLTER FLTY2 314,159,6283.18,0.,3,967721E+07,0.0001"SS
ADDER ADD “SS,AHM1,AN2

AM1 ' AMP 1,568004%D1

Av2 AMP ~0.9391048"D2

D1 DEL "ADDER

D2 DEL “D1

AMS AMP 0,3587940"D1

TVaL FBOX 28

DIMENSION V(500)
_IF(IWATCH,NE.1) GO TO 8200
READ(5,9000) F,E,F1,8,T
9000 FORMAT(5F10,%)
P=3,14159
OM=2 ,#PwF
OM1:=2,%PwF1
SG=P#B
RzOM1#0M1+SG#SG
S1=R=0MeQM
S=S1#51+4 ,#(OMaSG)#s2
SAzE#S1/S
SBz=2,%SG#0M#E/S
A=-SB -
B=-(SB#SG+SA#0M)/0M1
XT=0,
YT=0.
OM=0M»T
OM1=0M1ieT
Pz2,%pP
£x=1,0
EXQ=EXP(=SG»T)
0c 8100 I=1,500
V(I)=(EX%#(A#COS(XT)+BaSIN(XT))+SA#SIN(YT)+SBeCOS(YT))#R
XT=AMOD(XT+0M1,P)
YT=AMOD(YT+0OM,P)
8100 EX=EX®EX0
8200 TVAL=V(IWATCH)
GRAPH GRAPH 1,1,=1"TVAL,FLTER,AM3
- END WATCH,S500 ’

k003 GRAPH HAS NOT BEEN REFERRED. WARNING ONLY

Fig. 3-5 Typical KAIRO program.
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KAIRO COMPILED LIST

SEXAMPLE  ID HIJOB
M HIJOB
IKKO1 HARP

SUBROUTINE PARAO1
COMMON IZ(0004),FZ(0043)
1Z2(00041)=0
F2(0001)=0,0
F2(0002)=1000.0
F2(0003)=500.0
FZ(0004)=-1,57C8
FZ(0005)=0,0001
F2{0006)=314.159
FZ(0007)=6283.18
FZ(0008)=0.0
FZ(0009)=3,967724€+07
FZ(0010)=0.0001
F2(0011)=1,568004
F2(0012)=2=-0.9391048
FZ¢0013)=0,3587910
12(0002)=1
1Z2(0003)=1
12{0004)=-1

RETURN

END

Fig. 3-5 Typical KAIRO program (continued).
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KAIRQ COMPILED LIST

IKKMAIN HARP

5001

Spir2

9000

810U
8200

REAL SS»FLTER,ADDER,AM1,AM2,AM3,GRAPH
COMMON TZ2(0004),FZ¢0013)
DIMENSION MZ(00N5),AZ(0013)
MZ(1)=0

AZ(1)=0.0

ICNTRL=C

Catt CONTRLIICNTRL)Y
IFCICNTRL.ER.D) STOP

IWATCH=0

IEMGCY=DN
AZ12)36,2831A54FZ(3 )18 2(5)
AZ(3)=F2(4)
ZZ=EXP(=FZ(6)#FZ(10))
AZ(4)22,2CO0S(FZ(7)%FZ(10))%22
AZ(5)=22#22
AZ(6)==FZ(B)#AZ(5)

A2(7122 ,#(F2(9)=F2¢A)#F2(8))#SIN(FZ(7)#FZ(10))/F2(7)
AZ(8)=F2(10)/2.

DIMENSION GRAPHU{100?
MZ(2)=12(2)
MZ(3)=IZ(2)+1Z2(4)0T2(3)
MZt4)=C

MZ{(5)=1

p2=0

p1=0

IF(IWATCH,EQ,00500) GO TO 5000
INATCH=INATCH+1

DIMENSION V(500)
IF(IWATCH.NR,.1) GO TO 8200
READ(5,9000) FsE,F1,B,T
FORMAT(S5F10.5)

P=3,14159

OMz2,#PeF

0OM1=2 ,#PeF}

SG=P«B

R=0M1#0M1+SG»SG

S1=R=0M#]M
S=S1wS144 , #(OMNSG) a2
SA=E#S1/S

SBz=2 ,#SGe0M®»E/S

Az~S8 . .
B==(SB#SG+SA®0OM)/0M1

XT=0,

Y7=0,

OM=0MeT

OM1isUMLeT

P=2,.#P

EX=1.0

EXUZEXP(~SGaT)

DO 8100 121,500

VII)=(EX® (A#COS(XT)+BaSINI(XT))+SAnSIN(YT)+SBuCCS(YT))#R
XT=AMOD(XT+0M1,P)
YT=AMOD(YT+OM,P)

EXZEX#EXD

TVAL=V(IWATCH)
SS=FZ(2)#COS{AZ(3))
AZ(3)=AMONCAZ(2)+A2(3),6,28318Y)

Fig. 3-5 Typical KAIRO program (continued).
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KAIRO COMPILED ILIST

22=AT(SY%AZ(7)
AZ(S)=FIL.TER
FLTER=AZ(4)#FLTER=Z2Z+AZ(8)#(AZ(6)#AZI11)+AZ(7)%AZ(10)+FZ(B)*SS)
IF(IWATCH.EQ.1)FLTER=DO,
IF ({IWATCH.EQ.2)FLTER= AZ(H)*((AZ(?)*FZ(B)DAZ(A))'AZ(lO)/Z.*FZ(B)’SS
1)
AZ(11)=AZ(1n))
A2(103=S8S
AM3=2FZ(13)eD1
IF CIWATCH.NF,M2(2))G0 TO 1002
IF(MZ(2).FQ.M2¢3))GC TO 1002
IF(MZ(4)+3,.LE.100)G0 TO 3003

5130 CALL GRAPHZ(GRAPH,3,MZ(4),AZ2(12),AZ(13),0,M2Z(5)»IEMGCY)
IF(IEMGRY.EQ.1) GO TO 1004
M2(4)=0

1008 JZEMZ(4)
JZ=JZ+1
GRAPH(JZ)=TVAL
JZ=JZet
GRAPH(JZ)=FLTER
J2=JZ+1
GRAPH(JZ)=AM3
MZ(2)=MZ(2)+1Z(3)
M2(4)2J2

1002 CONTINUE
AMZ2=FZ(12)#D2
D2=D1
AM1=FZ(11)%D1
ADDER=SS+AM1+AM2
D1=ADDER
G0 TO 5002

S0C0 IEMGCY=4
GO TO 5109

1604 GO TO 5001
END

Fig. 3-5 Typical KAIRO program (continued).
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KAIRO  'CoOMPILEN LIST

¥KsSuB HARP

12U

100v

13u

11

110U

12
1200
1v

20u

SUBROUTINFE GRAPHZ(A,N,YZ,XMAX,XMINsNFP,IW,IF)
DIMENSION A(100),M(1U1)

ORUM DIMENSION ND(10000)
IF(IW.NF,1) GO TO 1

nDO=1

IW=0

IF(NFP,NE,.U)Y 50 TO 3

XMAXZA(1)

XMIN=XMAX

GO TO 2

IF(NFP,NE.O) GO TO 3

00 130 I=1,J2
IF(XMAX.LTLACI)IXMAXZA(D)
IF(XMIN.GTLA(I)IXMIN=A(I)
CONTINUE

WRITE DRUM DINDO},(A(1),1=1,J0Z)
NDO=NDO+JZ

IF(NUO+JZ.GT,10000) GO TO 120
IF(IE.NF,1) GO TO 200
N2=100/NwN

N3=1

Ja=1

STEP=z0,1# (XMAX-XMIN)
XMSXMIN+S,0#STEP

WRITE(6,1000) STEP,XMIN,XM,XMAX
FORMAT(1H1///44%X,33HGRAPHICAL QUTPUTS OF KAIRO SYSTEM//7X,5HSTEP:E
110.,3/7/7%X,2(510.3,40X),E10.3/11%X,10(10HLlwmmmcmea=),1H1)
C0=10,./STEP

C1z=CO#XMIN+1.5

NP=2un8264

NBL=10eNP

IF (NDO-N3 LT N2IN2=:JZ

READ DRUM D(N3),» (ACIY,I=1,N2)
DO 10 I=1,N2,N

DO 11 K=1.310n1%

M(K)=NBL

WRITE(6,1100) Un

FORMAT(1H »3X»15,2H +)

DO 12 J=i,N

K=I+J=1

L=CO#A(K)+C1

IF(L,GT.100) L=102

IF(L.LE.OQ) L=1

MlL)s(J=1)aNP

WRITE(6,1200) M )
FORMAT(1H+,10X,101A1)

JA=JG+1

N3=N3eN2

IF(NDOL.GT.N3) GO TO 130

IW=1

RETURN

END

Fig. 3-5 Typical KAIRO program (continued).
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KAIRO SNOURCE PROGRAM

CHPF

SS 2,300,

KAIRD COMPILEN L.IST

¥KKN2 HARP

SUBROUTINE PARADNZ2
COMMON TZ(CO004),FZ(0013)
FZ(DU031=300.0

RETURN

END

FIN

KAIRQ COMPILED LIST

EKKCNTL HARP

SUBROUTINF CONTRL(I)
I=1+1
GO TO (N1,02,03),1
U001 CALL PARAO2
GO TO 100
0002 CALL PARAO2
GO TO 100
0003, 1=V
010U RETURN
END
¥IKKMAIN ENTRY
¥ EQOF

Cc0o08 PREFIX ID=CARD AND HIJOB~CARD AND SOME HARP DECKS IF ANY,

Fig., 3-5 Typical KAIRO program (continued).
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Fig. 3-6 Graphical outputs of results computed by KAIRO
program illustrated in Fig. 3-5; (a) wo/2n=500¢cps and
(b) wo/2n=300cps.
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determined as follows,

2

a  + w2 = 3.967721 ><1o7

2e-aTcos( wT) = 1.568004k

e~23T _ 0.9391048

T e T (a® + w2) sin( wT)/ w = 0.358791
It should be noted that the factor T by which the output values of
block SS was multiplied to approximate the delta-function was incorpo-
rated in the gain of block AM3.

It was stated that there were three methods for specifying the
required length of a simulation run in section 3-4-2, In this example
the second method was used. The clock time to stop the simulation run
was appointed as the option of an "END" statement. In order to indicate
the use of the option, "WATCH" was punched in columns 19 through 23 of
that statement and digits to specify the clock time starting in column 24,

The results are shown graphically in Fig. 3-6. The symbols 0, 1
and 2 correspond to the first, the second and‘the third method respective-
‘ly. The measure of agreement of the circuit responses by three differ-
ent methods seems to prove them to be correct as supplementing one
another, The output response is evaluated larger in absolute value by
the trapezoid rule approximation of the convolusion integral and smaller

in absolute value by the z-transform method.

3-6 Conclusion

The outline of KAIRO language, a simulation language which is best
suited to the problems concerning information processing systems includ-

ing both analog and digital signals, such as communication network
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systems, speech analysis-synthesis systems and pattern recognition
systems, has been described. KAIRO language is one of the block dia-
gram languages, It enables the user to build up the model to be
simulated in a hardware oriented form, that is,a block diagram, and
so is used conveniently by engineers unfamiliar to the so-called
general purpose languages. B

It seems to increase the efficiency of the KAIRO language sig-
nificantly that it allows the FO#TRAN statements to be inserted on the
same level as the KAIRO statement, The parameters of each block
included in a block diagram, say, the model to be simulated can be
altered conveniently by the statement for this purpose, Since the
Source program of KAIRO language is compiled in FORTRAN language, the
two phases of the KAIRO compiler and the FORTRAN compiler must be
Passed through in order to simulate thé model with KAIRO language.

It will be inevitable that passing through these two phases will lower
the efficiency of'the final machine program, The efficiency of KAIRO
language should be estimated on the basis of the total cost computed
from the building up of the model to the obtaining of the simulated
results. From this point of view it will be expected that a rapid
conversion of the model into a simulation program more than makes up
for its inefficiency.

Among the problems belonging to the same category are those for
which a simulation language is best suited, or those for which it is
not suited. ~ Some models which can be represented with a block diagram
can be simulated efficiently with KAIRO, but other models cannot.
What kind of block diagrams is KAIRO unable to simulate efficiently?

It is difficult to answer this question in general terms. However
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it will be apparent that KAIRO is inadequate for the type of block
diagram in which the necessary signal passes through one of the branches
of the block diagram and the other branches are not in use. Although
KAIRO is applied to a broad class of hardware oriented problems, it
assumes that all the blocks included in the block diagram should oper-
ate efficiently in the whole process of the simulation. Therefore it
does not possess the ability to recognize the idie parts of the circuits
and to leave the computation of these parts undone. On the other hand,
for the biock diagrams which do not include the idle circuits, the
object program of KAIRO may be expected to be as efficient in computer
running time as a program directly writteA in FORTRAN can be.

If the programmer's macro and the subroutine composed of KAIRO
statements could be available, KAIRO language would be extremely power-
ful, The programmer's macro facility and the subroutine facility are
to define a new block type with a set of KAIRO statements and to givev
an abbreviated name to it. The user can call for it by'the abbreviated
name as if it were one of the predefined block types. They are nearly
equal from the point of view of function, but are quite different in the
complexity of compilation. This will be explained briefly in section
4-6, The small memory capacity of the available computer obstructs

the implementation of these facilities.
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CHAPTER 4

The KAIRO language processor

L4-1 1Introduction

A language processor can be named in various ways corresponding
to the kinds of object ;anguages and the methods of interpreting the
source language. The KAIRO language processor should be called a pre-
processor in the sense that its object language is not a machine
language.but FORTRAN, and a generator in the sense that the order of
the statements describing a simulation model must not coincide with
that of the corresponding portions in the execution of the object machine
program. Disregarding these considerations, we shall call the KAIRO
language processor a compiler which is a common name given to the
language processor.

The following facts result from the fact that the object 1ang§age
of KAIRO is FORTRAN., The first is that the KAIRO compiler has only the
responsibility for the translation of KAIRO into FORTRAN, The final
machine program is executed under the super?isor or monitor in the
operating system to which the FORTRAN compiler belongs. The second
is that the procedure for each block type which must be prepared in the
compiler is easier to write in FORTRAN than in the machine language.,

The third is that the quality of the object machine program can depend
upon that of the available FORTRAN compiler, Its shortcoming is re-
flected at once in fhe quality of the object machine program, As to

(28)

this point, however, it has been reported that no remarkable differ-

ence between the procedure written in FORTRAN and the procedure written

- 49 -



in the assembly language exists in their efficiency, if the -FORTRAN
compiler has been preserved for a few years. In fact, it has been
confirmed for some block types that the number of the machine instructions
contained in the final machine program passing through two language
processors is more by ten or twenty per cent than that in the program
written directly in the assembly language by the author.

One of tﬁe most advantageous facilities of KAIRO language seems
to be its facility for an automatic sequence control which contains the
time advancing mechanism and the ordering mechanism of the blocks in
the simulation model. In general, an advantaée‘of a simulation language
jnvolves the complexity for the compiler, Since all the blocks in the
simulation model have been éssumed to operate synchronously in the
present case (see section 3-2=-3), the time advancing mechanism becomes
so simple that the clock time can be advancing a unit at a time. The
important problem for the KAIRO compiler to solve is the implementation
of the automatic arrangement of the blocks in sequence through the

signal flows,.

4~2 Structure of the object program

The structure of the object program of KAIRO language appears in
Fig. L~1. It is the case that the model will be simulated (n+1) times
while changing the parameters of the model. In Fig. 4-1, the variable
J expresses the content of a clock counter, and the constant N expresses
tﬂe require@ length of one simulation run, The constant N is equal to
-1 unless it is appointed with an option in the control statement "END',
In this case, the command to cease the simulation run must be iésued

from the block for this purpose, and so the control of the sgimulation
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START
A
=0
; ®
I=1I+1
I=1
% Set parameters
I=2
> Change parameters(1)
$
1
i
I=n+1
Change parameters(n)
I=n:+2
|
I=0
I=0 ? »
—/  yes
no
J=0 STOP
v

Initial setting

e R A

'/ e
T i
no ]
¥ y
J=J+1 Post processing
of I/0 routines

b e

Main | <f>
procedure

._______J Fig. 4-1 The structure

of the object program.
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program will move along the path indicated by ‘the broken line in Fig. 4-1.
The program unit preceded by the control statement VKAIRO" is translated
into the main program to describe the simulation model and the subroutine
to set parameters, Each block type has the mould or original pattern
expressed with FORTRAN-like notations in the compiler, It consists of
a main operation part and an initial setting part if necessary. Corre-
sponding to these parts of the mould, the main program describing the
simulation model is also divided into the initial setting part and the
main operation part.

There are two approaches in translating a block type. One is to
generate directly the FORTRAN statements describing the correspon&ing
procedure every time it is used. The other is to generate only the
calling sequence for a closed subroutine describing the operation of the
block type whenever it is used, and the closed subroutine itself only
once, no matter how many times it may be called. The former takes a
short computing time and a large space of core memory and fits those
cases where the generated statements are rather few in number. On the

other

Abhand, the latter takes a small space of core memory and a long computing
time due to the overhead time of the closed subroutine, and fits those
cases where the number of statements involved in the subroutine is so
many that the overhead time can be neglected. Most of the problems to
be investigated with KAIRO language require a number of repeated compu-
tations at one simulation experimeht, for example, 20,000 repetitions
to process the speech data of a second sampled at the sampling period
of 50 micro seconds. The former was adopted, therefore, for most of
the block types in KAIRO language so that the computing time could become

as short as possible. Some block types, however, were compiled into
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~the closed subroutines in order to spare the core memory and to simplify
the structure of the object program,

With KAIRO language, it is permitted to repeat the simulations
while changing a part of the parameters included in the model, In order
to implement this fability, the values of the parameters were not em-
bedded ip FORTRAN statements as constants, but were set in the array
assigned for the parameters of each type. The constants embedded in
FORTRAN statements could not be changed by means of FORTRAN statements.
The array names "IZ" for the integral and the alphabetic parameter and
"FZ" for the real one were used for this purpose. As to setting the
parameters, the available FORTRAN compiler had the shortcoming during
the period when the KAIRO compiler was being developed that the state-
ment "BLOCK DATA" could not be used(27). If this statement were availa-
ble, the arithmetic expressions, for example, FZ(30) = 43.3, would not
have to be used in order to set them in the arraysland the computing
time and the core memory could be spared.

The program unit preceded by the control statement "CHP'" is tfans—
lated into the subroutine to change the values of the parameters re-
quired. One "CHP" program unit corresponds to one subroutine, which
consists of the arithmetic expressions as exemp;ified above. Finally
wvhen the control statement "FIN" is read in and the number of changes.
of the parameters is decided, the subroutine to control the linkage
between the main program and one of those subroutines is generated.

The strpcture of the object program, that the procedure for this linkage
is not embedded in the main program but constituted as a subroutine

subprogram, has been determined on the principle of decreasing the drum

memory space for the generated program as much as possible.
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4-3 KAIRO compiler

4-3=1 The outline of the KAIRO compiler
The outline of the KAIRO compiler will be described in this
section, The outlined flow chart of the compiler appears in Fig. 4-2.
Corresponding to each block type, the table which contains the infor-
mation necessary to analyze the statement describing the block in the
block diagram being simulated, and the mould expressed with FORTRAN-
like notation, which is the origianl pattern used to generate the FORTRAN
statements describing the function of the block type, are prepared in
the compiler. The table, called "Function table (F-table for short}",
consists of eight words per block type and involves the foilowing
information:
(1) Function code.
(2) Some indicators representing the special properties of the block
type such as a delay line, a block with no inputs, etc..
(3) the number of each kind of parameters.
(4) the number of each type of inputs.
(5) information on the modification of the function by the omission
of inputs.
(6) the number of outputs and their signal types.
(7) the origin address of the mould.
(8) the origin address of the special processing program if
necessary.
The detailed description of the original pattern will be given in later
section.

The main part of the compiler is divided into the following four
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phases.

(1) The input phase reads the source program describing the block

diagram specifications and generates a table named Label table or
L-table for short in preparation of later phases. The input and output
connection of the blocks is also stored in the form of bi-directional

list structure, This is named the 10C-table for short.

(2) The arrangement phase, using the IOC-table, arranges the blocks
in sequence through which the simulation of the blocks will be able to
be executed correctly in the computer.

(3) The generation phase generates the FORTRAN statements correspond-

ing to each block and puts .them out'pn fhe appropriate output device.

(4) The parameter change phase translates the programs preceded by

the control statement "CHP" into the subroutine subprograms altering the
parameters and also generates the subroutine subprogram c;ntroliing the
repetitions of simulation runs.

The KAIRO compiler is written in the assembly language of HITAC
5020, and consists of about 8,700 words including the mould of each block
type and is divided into ten chain links, some of which are in corre=-
spondence tq each phase mentioned above. °‘The available computer,
HITAC 5020, has a éore ﬁemory of 16K words, The system moniéor and
input/output system subroutines called by the KAIRO compiler occupy
about 9,700 words, The memory assignment of £he compiler in the availa-
ble memory space is as foliows. The core resident part of the compiler
congists of the main program controlling the chain links, several funda-
mental and frequently called subroutines aqd the F-table, occupying

about 1,200 words, Each chain link occupies at most 1,000 words, and

4,500 words remain as working space, which is able to accept a block
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diagram including about 300 blocks.

4-3-2 Input phase

The input phase reads the statements specifying the block diagram

and generates the L-table and the I0C-table in preparafion for later

phases. The L-table consists of seven words for each block and includes

the following information:

(1) the label assigned to the block by the programmer.

(2) the number of characters of

the label.

(3) the output signal type copied from the F-table,

(4) the number of input blocks.
(5) the number of blocks fed to

(6) the numbers of the integral

the output.

and the real parameters.

(7) the values of the subscripts in the parameter arrays assigned

to the first parameters of both kinds.

(8) the link addresses of the input and the output connection,

(9) the origin address of the F-table of the block type used in

this statement.
(10) other temporary information
explained later,
In the I10C-table, the input and the
the form of the bi-directional list
ment specifying a block is read in,

nection can be determined, but that

required, such as some indicators

output connections are stored in
structure. As soon as the state-~
the information on the input con-

on the output connection can not.

It is, therefore, advantageous for saving the memory space that the

information on the output connection is also stored in the form of the

list structure. The L-table and the IOC-table are shown in Fig. 4-3(b)
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INP1 -1__§

INP2.

Fig. 4~3 (a)
and output connection.

ouT1

i)

ouT2

LABEL

OUT3

I

ouTy

An example of the input

<s——Origin address of

the L-table of

the block named
" LABEL "

(1) LABEL
(10) - (6)
(4) (5)
(8) INORG (7)
(8) OUTORG LINK2
(6) (9)
(2) and (3) (7)
Fig. 4-3 (b) The L-table.

INORG is the link address

of the input list and OUTORG that of the output list.
Other columns contain the information explained with
the corresponding numbers in the text.

OUTORG | ouTi LINK1
LINK1 ouT2 | LINK2
LINK2 | ouT3
Fig. 4-3 (¢) The I0C-table.

INORG INP1

INP2 end mark

<1T—temporary end mark

In the present case,

block OUT4 is assumed not to be specified yet and
so it does not appear in the I0C-table.
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and (c), together with an example of the input and output connegtion of
a block in Fig, 4-3(a).

The flow chart of the input phase appears in Fig. 4-4. The input
fhase consists of the following six subparts. o

(1) Subpart I checks for the format of the label and looks up its

entry in the L-table. If the label has been found there, it is ascer-
tained whether it is multi-defiped or not. The subsequent processing
of that statement will be deleted, if it is so. If it has no entry in’
the L-table, the locations for it are secured there. Instead of the
label, a string of characters, the origin address of these locations
will be used to represent the name of the block in later processes.

The indicator Aenoted by the character "U" in Fig. L-4, representing
that the function has been defined, is set on.

(2) Subpart 11 examines first whether the function code coincides

with one of those provided in the F-table or not. The origin address
of the F-table belonging to that block type is written down in the L~
table, if it is acceptable. This origin address will be substituted
for the function code itself to represent the block type in later phases.
There are some block types that must be subjected to special treatment.
For instance, FORTRAN statements following the "FBOX" statement are read
in here and stored in the drum area for this purpose. The number of
statements to be read in is determined by the parameter of the HFBOX"
statement; Such a parameter is read here as the number of units deleyl
of block type "DEL", which doeé not operate simply as a constant, but
determines the structure of thé c?mpiled programs.

(3) Subpart III checks for the formats of the parameters and gener-

ates the stétemehts to set the ﬁarameters in the arrays for this purpose
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INPUT PHASE

1 v @
Read a statement (FROM NEXT PAGE)
o J—EE;)K yes

NS
K --Let the label be X,

Has X an \_ no Error
entry ? / checking

yes
"y [
U=0 2 entry of X
: '[ Yes Is there
yes an error?
U=1
) no
Is fuﬁction code no' Replace it Punch the
acceptable ? with "DUM" program for
setting
yes parameters
Al
Copy indicators »
ARRANGEMENT
Special processing - PHASE
if necessary )
Generate the STOP
program for
setting
parameters

Fig. 4-4 TFlow chart of input phase.
(TO NEXT PAGE)

- 61 -



(FROM LAST PAGE)

v yes Is input block
exhausted ?
(TO LAST PAGE)

no pe----—-—-- Let it be L.
‘m"—Qas L an entry?>
’ yes
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entry of L . yes
B(L)=1 R(L)=1

\

Store X in the
output list of L

No (L)=NQ(L)+1

N

Store L in the
input list of X

=N (081 1)

Fig. 4-4 TFlow chart of input phase(continued).
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and stores them in the drum area. The array names "IZ" for the integral

parameter and "FZ" for the real one are used, Provided that the content

of the subscribt counter corresponding to the first, N1, of the integral

parameters is thirty, the statement is in the following form and one is

added to the subscript counter; |
1z(30) = N1,

Similarly for the second and third integral parameter, N2 and N3, the

statements,

I1Z(31) = N2 -
and

1z(32) = N3

are generated, The value of the subscript assigned to the first of the
'integral parameters and that of the real ones are recorded in the L-table
and finally the numbers of the integral and the real parameters are
checked with those written in the F-table respectively.

(4) Subpart IV looks up the entries of the labels appearing in the

input field consecutively in the L-table, and makes an entry of the label
which has not yet been recorded. For the block which was recorded in
the L-table, the indicator, denoted by R(L) in Fig. A4-k, indicating that
the output of the block is connected with an input of‘andther block, is
tested., If it is not already set on, this is done. Otherwise, the
indicator, denoted by B(L) in Fig. 4-4, indicating that the block appears
in the input fields more thaq twice, is set on; The numﬁer, No(L)’ of
the blocks fed to the output of the block being treated is increased by
one, 'aﬁd a branch is further added to those of the list towards the
output. For the block just defined, the number, Ni(x), of the input

blocks and the link address of the input connection are written down in
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the L-table, In the locations following the link address of the list
towards the input, the names of the input blocks are recorded consecu-
tively in the form of the origin address of the L-table. )Provided
that some of the input blocks are omitted, the modification of the
function is done after it is insured that no grammatical violation of
the input omission exists.

(5) To subpart V, the control is transferred when the "END" state-
ment is read. Here the existence of the undefined label, which appears
in the input fields of some statements but not in the label field, is
examined and the matching is done in the number éf the input blocks and
their types for each block recorded in the L-table. If any rule
violations are discovered in steps (1), (2), (3), (4) and (5), the
‘consecutive compilation is abandoned at the time when the process of
subpart V is completed.

(6) Subpart VI reads from the drum the FORTRAN statements to set the

parameters, generated in subpart 1II, and puts them out to the appropri-

ate output device in the form of a subroutine subprogram,

4-3-3 Arrangement phase

This phase arranges the blocks in sequence through the signal flow
by using the bi-directional list structure constituted in the input
phase, The algorithm for arrangement is closely related to the repre-
sentation of a delaying-type block in the computer. The policy of
the KAIRO compiler is that only one word memory is assigned for one unit
delay. Furthermore, all the contents 6f a delay line are to be initial-
ized zero. Since this is a special operation different from that of a

delay line at other clock times, it may be rather convenient to control
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ARRANGEMENT
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-PHASE
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Fig. 4~5 TFlow chart of arrangement phase.
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(FROM LAST PAGE)
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Fig. 4-5 Flow chrat of arrangement
phase(continued).
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the object program so that, at the present clock time of the simulation,
the current output can be computed for a nondelaying-type block; while
the output for the next clock timé can be computed for a delaying-type
block, Thus the alogorithm for arrangement can be derived from the
discussion in the section 3—2-3.as follows:
(1) a nondelaying-type block cannot be computed before all the input
blocks to it except delaying=-type blocks have been computed.
(2) a delaying-type block cannot be computed béfore all the input
blocks except delaying-type blocks and all the blocks fed to it
have been combuted.
The flow chart of the arrangement phase is éhown in Fig. L5, This
phase consists of the following two part,

(1) Search of a branch, A branch is defined as a sequance of
successively computable blocks, At first the arrangement phase searches
a branch for the purpose of computing the blocks included in it consecu-
tively, The block which can be the head block of a branch is a block
with no input such as a generator, a block with
more than two inputs, a block with a delaying-type block as input, or
a block which has a single input and whose input block is fed to more
than two blocks. The block which can be the end block of the branch is
a block being fed to the head block of another branch or a block, such
as a printer, which is not fed to ény other blocks. These blocks are
shown in Fig. 4-6 (a) and (b), The block which can be the head one and
simultaneously the end one forms a branch by itself, A delay line is
forced to be a branch by itself for simplicity of programming. All the
blocks appearing in the block diagram should be included in some branch.

The block which was not included in any branch must be included in a

- 67 -



l
J

[
|

delay
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Fig. 4~6 The blocks which can be the head
or end block: (a) head blocks, (b) end

l
!

blocks.
Al A2 D1 A3
O——=0) | >
B3 B2 B1
D2
Cc3 c2 1

Fig. L4-7 A block diagram for explaining
the arragement phase; blocks represented
by rectangules are delay lines and blocks
by circles are nondelaying-type blocks.
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closed loop consisting of nondelaying blocks only, In Fig. 4-7,
blocks B1, B2 and B3 and blocks C1, C2 and C3 form branches. The
first branch will be denoted as B and the second as C for simplicity.
Blocks A1, A2, A3, D1 and D2 form branches by themselves respective-
1ly. First the head block is searched out and the bi-directional

list structure is traced towards the output from the head block, mark-
ing the blocks as traced, until the end block can be found. This
process is continued until all the blocks have been traced.

(2) Arrangement of branches., Since the connection of the blocks
can be replaced with that of the branches by procedure (1), the branches
should be arranged in sequence through the signal flow as the next step.
The first computable branch is that whose head block has no input or has
only delaying-type blocks as inputs. The branches satisfying either of
these requiremen£s.are all stored in push-down pop-up memory., The
"~ branch is, then, drawn-from the push-down memory according to the rule
"last in - first out", and compiled. The word "compiled" means here
that the "coﬁpiled" branch is signed in order to assume that all: the
blocks included in that branch have been computed, For the branches
fed to the branch just compiled, it is tested in turn according to the
algorithm for arrangement to see whether they become computable, and
those which become so are stored in the push~-down memory, The Qame
procedure is then repeated, modifying the list structure towards the
output to express the sequence of arranging the blocks, until the'push-
down memory has no entryvand so the arrangement is completed. The
branches that have not Seén compiled in this procedure are turned to
be included in the loop consisting of delaying-type blocks only or

nondelaying-type blocks only.
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CONTENTS

(1) A3 | a B o
(2 A3 Al B D2

(3) A3 A B

(4) A3 A

(5) A3 A2

(6) A3

(7) D1

(8) EMPTY

Fig. 4-8 The transition of the contents
of the push-down memory.

Fig. 4-8 shows the transition of the contents in push-down memory
during the procedure for the block diagram appearing in Fig. 4-7. The
branch in the extreme right hand column is drawn out first.. Now assume
that the contents of row (1) are as shown in Fig. 4-8, although they
might deﬁend upon the order of the statements describing the block
diagram shown in Fig. 4-7. Branch C is compiled first and then branch
D2 becomes comﬁutable. It is stofed in the push-down memory and at
once drawn from it and compiled. Branches D2, B and A1l are compiled
in turn and then branch A2 becomes computable.v Last of all branch D1
becomes computable after branches A2 and A3 have been compiled. The
computation order of the blocks are, thus, decided as follows; Ci, C2,

c3, D2, B1, B2, B3, A1, A2, A3 and Di.
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L4L-3-4 Generation phase

This phase generates the FORTRAN statements corresponding to the
blocks according to the order determined‘in the previous phase. The
compiled forms of the block types in KAIRO, of course, have different
structures from each other. So it is not convenient to provide the
corresponding procedure to generate the FORTRAN statements for each
block type. In order to treat most block types by a rather simple
program, the original pattern called a statement mould is prepared for
each block type. It is a sequence of statements with notations similar
go FORTRAN statements and including some operators.

The compiler scans>the symbols_in the statement mould sysmbol by
symbol, Meeting an operator, and making reference to the information
contained in the L-table and the I0C-table, the compiler interprets it
as will be mentioned below, The nonoperator symbols are incorporated,
as they are, into the corresponding FORTRAN statement. When the symbol
" & 'y which indicates the end of one statement in the mdﬁld,'is found,
the FORTRAN statement just generated is transferred to the buffer memory
for this purpose; After the compilation of all the blocks included in
the block diagram is completed, the generated statements afe put out to
an appropriate output device together with some additional type state-
ments and specification statements. If the block which should be
compiled into a subroutine subprogram is included, it is put out there-
after, The floy chart of this phase is shown in Fig. 4-9.

There are three kinds of basic operators used in the statement
mould,

(1) The replacement operator takes the form of "#AB(C)" and is

replaced by some information determined by the KAIRO statement describing
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a block, The symbol '"#" indicates that two or three symbols follow-
ing it are to be interpretéd as an operator, The symbol "A'", express-
ing what kind of information the operator is replaced by, is one‘of

the symbois "L, wym, upt, Wi, WMn, WAM or "S'', representing a label,
an input block, an integral parameter, a real parameter, a working
variable of the integral type, that of the real type and a statement
number respectively, The information expressed by the symbol “A"‘is
specified in detail by the next symbol "B", which is one of the symbols
"X" and "N" and a digit. The symbol "X" means that the term represented
by the preceding symbol is spgcified by the content of the repetition
counter, explained in réference to the repetition operator, which plays
the same role as a decimal number does as will be mentioned below.

The symbol "N" means that the operator is replaced by the number of the
terms expressed by the symbol "A", for instance, the number of the input
blocks. If the symbol "B" is a digit, then the third symbol "C" is
also interpreted as a part of the operator. Provided that a decimal
number "BC" is "O3" and the symbol "B" is "I", the operator "I103" is

replaced by the third input label.

(2) The repetition operator is employed to express simply the un-
determined part of the statement mould such as the number of the input
blocks of an adder, and takes the following two forms; '"#AR" and "HA",
There is a counter called the repetition counter to confrol the repeated
interpretations of the part expressed by the repetition operator. In
its first form, the second symbol "A" ig a variable which has the same
meaning as in the replacement operator, and "R" is a constant symbol
indicating that thg operator is the repetition one, This operator sets

the number, corresponding to 'WAN" in the replacement operator, to the
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upper limit of the repetition counter. The symbol "A'" of the second
form is one of the symbols "+', "=" and """, The "+" forces the ad-
dition of one to the content of the repetition counter and the "' the
subtraction of one from it. The pair of the strings "#"' denotes the
range of the undetermined part. The compiler, meeting the first "#"",
init}alizes the content of the repetition counter, and, finding the
second "#un - examines whether or not it coincides with the upper limit
of the counter, 1f they are not equal, one is added to the content of
the counter and then the flow of the compiler program is controlled to
interpret the part following the first "#'"" again. Otherwise, the
repeated interpretations have been completéd. The nesting of the pairs
of .the strings "#"" is not allowed.

(3) The deletion operator is used to delete some statements or a

part of a statemeﬁt in the mould conditionally. This operator takes
the form of "#¥A...ee..#¥". The symbol "A'" has the same meaning as
in the replacement operator, If the number involved by "#AN" is zero,
the part enclosed by the pair of the strings "H¥" ig deleted.
Example

The shift register appearing in Fig. h-iOis deséribed by the

following KAIRO statements.

A SHR  "B,T
A1 DUM  "A
A2 DUM  "A
A3 “DUM  "A

The statement mould of the block type "SHR" is as follows;

for the initially setting part,
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#LR#" @ #LX=08&
#n A
and for the main part,
@ IF(#I102.EQ.O0) GO TO #S01&
HLR#E+# "= @ #LX=H+#LX&
#H
@ ALX=#101&

#501 CONTINUE&

shift control T

signal input B

v y v

A3 A2 Al

Fig. 4-10 A shift register with three cells.

The symbol " @ " is substituted for four blanks. In the present case,
the number to be set ﬁo the upper limit of the repetition counter by
the operator "#LR" is equal to three and the operators "#I01" and "#I102"
are replaced by the labels "B" and "T" respectively. The operator
"#LX" is interpreted as "A1', "A2" or "A3", depending upon the current
content of the counter. Assuming that statement number '1009" is
assigned to the operator "#S01", the compiler interprets the statement
mould and generates the following FORTRAN statements corresponding to

the block type "SHR", For the initial setting part,
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Al

1]
o

A2 = O
A3 =0
and for the main part,

IF(T.EQ.O)»GO TO 1009

Al = A2
A2 = A3
A3 =B

1009 CONTINUE.

L-3-5 Parameter change phase
This phase reads the program units preceding the control statement

"CHP! énd generates the subroutine subprograms altering the parameters.
One "CHP" program unit corresponds to one subroutine subprogram. The
procedure of this phase is very similar to that of subpart III in the
inpﬁt phase. It checks the formats of the parameters and examines
whether or not the ordinal number of the parameter to be changed can be
accepted. For instance, assuming, for the block labeled "A", that the
number of the integral parameters was three and that of the real onesi
was two, and that the value of the subscript in the array for the integral
parameter was thirty and that for the real one was forty, the statement
instructing the change of the values of-the parameters,

A 1,30.0"2,4,0"1,17
can be accepted and translated into the aritﬂmetic statements in‘FORTRAN
in the following form,

FZ(40) = 30.0

FZ(41) = L,0
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1z(30) = 17
However, the statement,

A 1,3.0"3,5.8
cannot be accepted because the number of real parameters must not be
greater than two, For the statements including any rule violations,
the compilation is omitted and the error messages are issued,

This phase reads the control statement "FIN'" too and generates
the subroutine subprogram to control over the flow of the object program
so that the simulation runs for the block diagram being studied aré
repeated the same numbers of times as the number of the correct "CIP"
program units previously counted, Thus, the whole érocess of compil-
ing a source prograq of KAIRO language has been completed, The flow

chart of this phase is omitted because of its simplicity.

4-3-6 Programmer's macro and subroutine

A programmer's macro is a new funtion which can be defined by the
programmer with the combination of the block types prepared in KAIRO
language, and can be employed in the same way as the predefined block
types. A subroutine is also defined with the sequence of KAIRO state-
ments as the programmer's macro, and can be called by the new function
code. Thegr programming advantage lies in the fact that the statements
to define the process required are only presented once in the program,
no matter how many calls for them are made by the main program, They
can contribute to omitting the burden of writing the same patterned
program sequence repeatedly and to decreasing the possibility of making
careiess mistakes. Although the current form of the compiler cannot

be impremented for these facilities, a brief account of the algorithm
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to perform them will be given in this section,

In the interpretation of the programmer's macro, the stateﬁent
defining the macro code is read first; and it is supplemented in the
F-table in pfeparation for its use in the main program. As the com-
piler is reading the statements defining the function, the L-table and
the IOC~table for the macro definition, which contain the dummy variables,
such as input labels and parametérs to be replaced with the actual ones
determined in its use, will be constituted in the same way as is done
in the input phase of the compilatibn of the "KAIRO” program unit.
Finding the statement including the macro code in the "KAIRO'" program
unit, the compiler will transfer all the contents of the L-table and
IOC~-table for the macro definition into the corresponding tables pro-
vided for the "KAIRO" program unit, replacing the dummy variables only
used to define it with the actual ones just decided.‘ This results in
the compiler reading the statements obtained by replacing the dummy
variables with the actual ones. Thus, the implementation of the
programmer's macro seems to be rather simple.

The subroutine“of KAIRO language is different from that of a
genearl purpose language in that the outputs of it, say, the arguments
whose values can be computed in it, happen to be decided ‘independently
of the present inputs, say, the arguments whose values have already been
decided before calling it; in other words, in that they can have delays.
The possibility that some outputs have delays and that others have no
delays will greatly increase the difficulty.

Now it is assumed that the subroutine has a single output. 1f
it c#n be computable when the blocks contained in the subroutine are

arranged in sequence through the signal flow on the assumption that no
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inputs to the subroutine have been determined, it can be decided to have
dela&s. Otherwise, it must be insured that it has no delays so that it
can be computable when the blocks are arranged on the assumpyion that
all the inputs have been determined, because, if the subroutine has any
error, it can happen that it will not be c;mputable on either of the two
assumptions stated above,

The nondelaying-type subroutines written in KAIRO I;nguage can
easily be translated into the corresponding ones written in FORTRAN by’
almost the same procedﬁre as that used to translate the "KAIRO" program
unit. On the other hand, the delaying-type subroutine is not so simple
as a delay line, In general, the delaying-type subroutine can be shown
schematicallyAin Fig., 4-11(a). Although its output can be computed
independently of the present values of the inputs, only the blocks
included in the part labeled "C" in Fig. 4-11(a), can then be computed.
The other blocks cannot be computed before its inputs have been de-
termined., If its output is fed ihfo one of its inputs through other
nondelaying~-type blocks, all the blocks defining the subroutine cannot
be computed successively. This makes it difficult to take the sub-
routine aé oﬁe block, when the blocks included in the main‘program, that
is,vthe "KAIRO"-brogram unit, are arranged in sequence through the signal
flow, .This difficulty can be overcome byAconstitﬁting the compiled
program so that the initial value may be computed by the use of the part
labeled "C" in Fig. 4-11(a) before entering the main routine and all the
blocks in the subroutine may be computgd to produce the output at the
next clock time in the main routine as done in the simple delay line.
Of course, the two calling sequences must be provided for the call for

computing the initial value and the call for the main routine.
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Fig. 4-11 The general structure of a delaying-type
subroutine; (a) has a single output and (b) has
mul ti-outputs.

In both figures, part A islcomposed of nondelaying-
type blocks and/or delaying-type blocks, part B
delaying-type blocks only, part C and part D in (b)
nondelaying-type blocks only.
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Finally we will turn to the case in which the subroutine has more
than two outputs. Their types can be decided by the two arrangement
procédures previously stated. In the case that some outputs have delays
and the others no delays, the type of the subroutine itselfvcannot be
decided. This difficulty can also be overcome by translating the
delaying~type outputs in the way as just mentioned and assigning their
types to the output labels defined by the "DUM'" statements as shown in
Fig. 4-11(b). Thus, the body of the subroutine can be taken as a non-

delaying-type.

L-L Error checking and error message

One of the complexities accompanying the simulation program is the
control of the éequence in which the events or the phenomena occur in the
model being studied., The investigator is not of great value in this
connection and tends to make a program carélessly. Howeﬁer, program
errors made here often produce incredible results and are exttemely diffi-
cult to discover and to eradicate. It has been stated in chapter two
that a decided advantage of a simulation language compared to a general
purpose language is the ability to check for not only grammatical vio-
lations, but qlso for Some logical errors. With KAIRO language, the
programmer need not be explicitly conscious of a problem of sequence
control, which éan.be achieved spontaneously when the blocks can be
arranged in sequence through the signal flow on the basis of the con-
nections of the blocks. The sequence control error corresponds to the
possibility of arranging the blocks in the signal flowed sequence from

the point of view of error checking. This possibility of arrangement
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is examined in the arrangement phase of the compiler. vﬁost kinds of
errors which are not introduced in converting the modél into the program,
but are included in ;he model itself are higher ordey problems and, of
course, cannot be discovered by the compiler,

'The compiler checks for the following rule violations mainly due
to the programmer's careless mistakes: the usage of invalid charaéteré
in a label assigned to a block, the format error of parameters, the
usages of the function codes undefined in KAIRO 1§hguage, the multi-
defined labels and the undefined labels, and the mismatching in the
number of parameters, the number of input blocks and the types of input
blocks. The ovérflows of the tables such as the L-table and the IOC-

»table are examined, An error message is printed out, as a rule, ét the
time when the error is found. Examples of the error messages issued

by the compiler are shown in Fig. 4-12,
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KAIRO SOURCE PROGRAM

SEXAMPLE KAIRO

C EXAMPLES OF ERROR MRSSAGES
AD ADD "AM3,AM4, LF

X  TO10  SOME ERROR OCCURS ABOUT BLANK INPUT,

AM1 AMP .. 1,38"AD
AM2 AMP JHaMy

X 1007 NUMBER OF PARAMETERS IS INVALID.

X 7007 NUMBFR OF PARAMETERS IS INVALID.

D1 DEL 2%AM2
D2 DEL 14n1
AM3 _ANP . 5.8"D2

X 1005 F-PART IS UNDEFINED AND REPLACED BY *DUM",

X T007 NUMBFR OF PARAMETERS IS INVALID.

AM3 AMP =30.6"0D1

Y TOu4 ABOVF LABEL IS DOUBLY DEFINED. THE STATEMENT IS SKIPPED,

STHMT SCH =~0.3,=0,6%AM2

TRGER TRGN "SCHMT

CNTER CNT . 0,10,9"SCHMIT, ,»TRGER
P END '

Y K002 ANM4 HAS BEEN UNDEFINED IN SQURCE PROGRAM.
Y K002 F HAS BEEN UNDEFINED IN SQURCE PROGRAM.
Y K002 SCHMI HAS BEEN UNDEFINED IN SOURCE PROGRAM.

K003 CNTER HAS NQT BEEN REFERRED, WARNING ONLY

SINCE. THERE 1S SOME ERROR IN SOURCE PROGRAM, COMPILATIION CANNQT BE CONTINUED,

Fig. 4-12 Typical error messages issued
by the KAIRO compiler.
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CHAPTER 5

The intelligibility of infinitely clipped, time quantized speech wave —

an application of KAIRO language to speech information processing (1),

5-1 Introduction

The applications of KAIRO language to speech information processing
were reported in this and next chapter. For the purpose of harmonizing
these chapters with the previdus ones devoted to the description of KAIRO
language, an applied aspect of KAIRO language was rather accentuated than
a detailed description of the problems to be studied. - Although these
problems were described only in their eséential parts, it may be beyond
question that these are the important probleﬁs worth to be investigated
in fields of speech information processing.

The properties of speech wave concerned with the time dimension were
investigated in this chapter. The intelligibility of simplified speech
wave in the amplitude-dimension and the time dimension was measured and
by analyzing these results, the confusion matrices of various phonemes»
were constructed. The simplification involves dichotomization of the
amplitude of speech wave and quantization of the time length of an
interval between two adjacent zero-croséing points.

The present experiment is one of the suitable applications of KAIRO
language, because it is easy to perform it rather with computer simulation
than with physical devices. Before the description of the experiment,
generai propertie; of speech wave and the necessity for its investigations

will be stated briefly.
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5-1-1 Genearl properties of speech wave

(29)

We find the following in the opening sentence of Fant's work. .
"The speech wave is the response of the vacal tract filter systems to
one or more sound sources." This expresses vividly the common view of
those who devote themselves to studies of speech wave in engineering.
It means mathematicaliy that the characteristic P(s) of the observed
speech wave can be expressed in terms of the Laplace transform;
P(s) = S(s) T(s) R(s)

where S(s) is the characteristic of a sound source, T(s) is the charac-
teristic of the vocal tract filter systems and R(s) is the characteristic
of the radiation from a mouth. The radiation R(s) can be taken as
constant independenfly of sounds as first approximatién, and the sound
source S(s) can be an aperiodic source produced by the vibration of
vocal cords and a noise source generated by the constriction or the
closure of the vocal tract. The transfer function T(s) of the vocal
tract filter systems is closely related to the shape of the vocal tract
and is the mathematical representation of an acoustic resonance and anti-
resonance in the mouth cavity system including the. nose cavity. T@e
frequency characteristic of T(s) gives such a great variety to speech
wavé.that it can be used for an indespensable means of human communi-
cation as well as characters. Above all the spectral peaks of the
spectrum T(f)  which are called formants correspond closely to the
phonemic representation of speech sounds. These formants are named
first formant, second formant, etc. in order they occur in the frequency
scale.

Information on the naturality due to speaker's emotions and indi-

viduality as well as linguistic information for human communication
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are conveyed by the speech wave. It is well-known that speech wave has
considerable redundancy from the point of view of the information theory,
regarding it only as a means of transmission of linguistic information,
However it may be said that communication is the more possible in very
noisy circumstances and we can recogniz€ the better a particular speaker
in several ones because speech wave has such an amount of redundancy.

If we attempt to transmit the linguistically significant information
of speech wave in telephone channel, we may establish efficient trans-
mission system by eliminating or‘decreasing of its redundancey. In
general, these methods are referred to as bandwidth-compression systems.

As understood easily from the process of speech production, the
redundancy of speech wave is due to the continuity of its wave form and
the mutual dependency of temporally successive values, which corresponds
to the multi~-dimensional Markov process in the discrete case. Although
this fact would suggest the possibility of an efficient encoding process
according to the coding theory of Shannon-Fano, the direct application of
the coding theory to the case of speech wave would require the extremely
complicated encoding-decoding process and a great ;mount of storage for
a long time delay. Therefore, the actual bandwidth-compression systems
are rather the attempts to extract and transmit the cues conveying the
linguistically significant information by analyses of speech wave and to
synthesize it by the use of them at the destination than the attempts to
decrease its redundancy by the direct application of the coding theory.
In this sense, such bandwidth-compression systems are generally referred
to as analysis=-synthesis systemsSBo) The comprehensive knowledge of
physical characteristics of speech production, perception ;nd language

is necessary as a background of construction of these systems.
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5-1=2 Zero-crossing wave

Zero-crossing wave of speech sounds, which is obtained simply by
clipping of the peaks of the speech wave until it is reduced to a two-
valued function of time, seems to offer the clue for the bandwidth
compression, The classic éxperiments of Licklider and Pollack(Bl)
demonstrated that the infinitely élipped speech wave had higher intelli-
gibility, although its amplitude was so distorted. It was useful to
improve the intelligibility that infinite clipping was preceded by
differentiation and was followed by integration. Surprisingly the
articulation score of such wave which was measured by the use of mono-
syllabic words was rather 95 per cent.

The mathematical structure of zero-crossing wave was studied in

(32)

terms of an analytic signal of the qriginal speech wave, However,
the qugstion why zeré-cfossing speech wave has such high intelligibility
has not been answered sufficiently because it is closeiy related to the
perceptual mechanism of the auditory system of human beingé. It was
only shown experimentally that the nonlinear transformation of infinite
clipping preserved the formant structure in the frequency spectrum of
the original speech wave fairly well.(33)(34)
Since infinite clipping dichotomizes the amplitude dimension and
no further reduction can be achieved in amplitude, it is necessary to
operate upon the temporal ﬁatterns if the speech wave is to be further

simplified. Such an experiment was carried out by Licklider.(BS)

In
order to make a difference between his experiment and the present one,
the former will be described in detail somewhat.

In his experiment the simplifying operation was quantization of the

time scale. In quantized time a rectangular wave can switch only at
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predetermined instants which are set by a train of pulses that divides
the time scale into intervals. Two methods of time quantization were
tested. According to method A, the output wave gwitches at the end of
an interval if, during the interval, the input wave has switched one or
more times. According to method B, the output wave switches at the end
of an interval if, during the interval, the input wave has switched an
odd number of times. With quantizing rate between 2,000 and 10,000
quanta per second, method B yielded higher intelligibility score than
did method A in articulation tests conducted for subjecting speech wave
to such a treatment. With 10,000 or more quanta per second, intelli-
gibility was approximately as high as it was with RC filtering and
infinite clipping alone (95 per cent).

The effects upon confusions within and between phoneme categories
of subjecting speech wave to infinite clipping have been reportéd most
recently.(36) Vowellike sounds such as vowels and semi-vowels are less

often confused than voiced and unvoiced fricativelike ones. Stop and

nasal consonants are intermediate between these.

5-2 Plan and procedure of experiment

5-2-1 Plan

Referring.to the experiments on infinitely clipped speech wave
described in the previous section, the present experiment was planned
with the aims: .

(1) to study intelligibility of subjectiqg speech wave to infinite
clipping and quantizing of the time length of an zero-crossing interval,

and
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{2) to construct the confusion matrices of various phonemes trans-
forqed in such a way.

Thg temporal patterns of zero-crossing of infinitely clipped wave
is the same as that of original speech wave. In the ﬁresent expefiment
further reduction was performed on the tempora;,phtterns so thét the
time length of an interval betweenytwo adjacent zero-crossing poinfs was
transformed into one of intervals which have predetermiﬁed widths.

This transformation is quantization of the time length of a zero-cross-
ing interval which is a continuous quantity, In Licklider's experi-

(35)

ment algo referred to as time quantization, it was time scale that
was quantized., Thus, as sho;n in Fig. 5-1, an zero crossing interval
whose time léngth is shofter than a quantum of .time scale vanishes and
the probability that several intervals are incorporated into one interval
increases as the quantum isblonger. On fhe contrary, it was rather the
time length of a zero-crossing interval than time scale that was
quantized in the present case and the interval, no matter how short it
is, of course at the extent of sampling period in computer simulatigp,
: v

can be transformed into one interval without vanishing.,  Thus, total
time length of speech wave transformed in such a way may increase or
decrease depending upon methods of quantizing, though the number of zefo-
cros;ing intervals does not change. For this reason, cohputer simu-
lation seems to be rather adequate than physical devices which aré
complicated considerably do.

The used methods of quantiiing were linear in terms of frequency
scale (in the range of less than 1500'cps). The width of an interval

between two adjacent zero crossing points was measured by counting a

train of pulses whose rate was 20,000 pulses per second. Measured width
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Fig. 5-1 Time quantized speech waves; (a) original
speech wave, (b) infinitely clipped wave, (c) time
quantized wave in the present experiment, (d) time

quantized wave by method B in Licklider's experiment.

- 90 -



¢ was transformed into one of intervals with predetermined widths in
the following way. Now let A f (cps) be a quantum in terms of frequency

scale and integers an and bn be decided with the following equalities.

e [ 2]
n 2n Af

b = ‘[ 22000 } [ ] is Gauss's notation.
2(n3) Af
(a , a_ ) : b corresponding range
n+1 n n of frequency (cps)
50 ~ 100 200 ~—
25 ~ 50 33 . koo ~ 200
16 ~ 25 20 625 ~. 400
12 ~ 16 14 © 83h ~_ 625
10 ~ 12 11 1,000 ~~ 834
8 ~ 10 9 1,250 —~ 1,000
8 8 1,430 1,250

1,430

8|3
SRRF

1,670

5 5 2,500 ~ 2,000
A IA 3,330 ~. 2,500
3 3 5,000 ~. 3,330
2 2 10,000 ~. 5,000
1 1 ~~ 10,000

Table 5-1 An example of the method of quantizing.
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It an+1ért < a, then width ’C/of’the transformed interval is equal
to bn. In the range of high frequency where integer n is so large
that integer a is not different from integer a .1 if T = a s then
T = bn(= an). In other words, the quantizing of the width of an
interval is not performed. An example of correspondence of a; to bn
for the frequency quantum Af of 200 cps.js shown in table 5-1. In

the experiments three kinds of frequency quanta of 50, 100 and 200 cps

were used.

Phoneme category sounds
Vowel and 1 a, i, u, e, o
semi-vowel ja, Jju, Jjo, wa
Unvoiced pa, pi, pu, pe, po
consonant ta, tSi. tsu, te, to

ka, ki, ku, ke, ko
sa, Si, su, se, SO

ha, hi, hu, he, ho

Voiced ma, mi, mu, me, mo
consonant na, ni, nu, ne, no
ra, ri, ru, re, ro
ba, bi, bu, be, bo
da, de, do

ga, gi, gu, ge, go

za, 3i, zu, 2ze, Zo0

- Table 5-2 List of monosyllabic sounds used for experiments
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Intelligibility of the subjecting speech wave to the transformations
Just described, including infinite clipping only,.was measured for sixty-
seven monosyllabic sounds shown -in Table 5=2, In the test, transformed
speech sounds were arranged in random sequence made with the aid of
Qhuffling of cards and presented to four male listeners who had not been
trained in particula; to hearing of zero crossing speech wave, although
they devoted themselves to studies of speech sounds. Test sounds were

pronounced by a male announcer,

5-2=2 Simulation procedure
(1) Simulation program. The whole block diagram for computer
: a
simulation of the experiments planned in the previous section is apps{-

ing in Fig. 5-2,

signal
fggiess I—- Pre- gpa%zgi Eaper
| _ . - igita ape ——
recorder ? empasls r=2 converter puncher
b !
control ¢
Data file
N Simulation
' | program
Information Computer - and format
on sSpeech ,’ conversion
. Digital-
—> >tanalog >
converter
Simulation ' | Simulation
resul?s'in results in
the digital the analog
form form

Fig. 5-2 Block diagram for simulation.
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First simulation program will be explained while input and output pro-
cedures will be later. The block diagram for production of the time
quantized zero corssing wave is shown in Fig., 5-3, which is, of course,
expressed in terms of block types in KAIRO language. Its performance
will be outlined below.

The original speech wave that is read in a computer through block
INPMT (block type INP1) is transformed into infinitely clipped wave with
Schmidt circuit OWV, Schmidt circuit has two slice levels as parame~
ters, whose changes can produce different level crossing waves. Counter
CNT is controlled by detecting positive going and negative going points
with two triggering circuits TP1 and TP2 respectively. It measures the
time length of an interval between two adjacent zero crossing points by
counting a train of pulses generated by clock pulse generator CLOCK
whose pulse rate is equal to the sampling rate of original sounds, that
is, 20,000 pulses per second, In order to adjust the timing an input
to the counter for resetting, the output of block OR, is passing throggh
delay line ID1. Measured time length of the interval is intfoduced to
an input terminal of quantizer QNT through block DA under the control of
switch SWTCH whose output is the second input or the third input depend-
ing upon whether the first input is one or zero. Because a quantizer
can accept only an analog type of signal, an output of the counter which
is an integer type of signal is converted into an analog type of signal
by block DA. Outpﬁt of quantizer QNT gives the transformed time length
‘of a zero crossing interval, which is used for reproduction of the time
quantized zero crossing wave. Realizétion of the reproduction pro-

cedure with hardware is, of course, possible but is much complicated.
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Fig. 5-3 Block diagram for generation of time quantized zero-crossing wave.




the constitution as shown in Fig. 5-3 is adopted,
Furthérmore,Ain order to spare a computing time for simulation and to

demonstrate a tricky usage of block type FBOX provided fof insertion
of FORTRAN statements into KAIRO statements.

Blocks PSWS and PSWR make a pair so that the blocks bounded by
them operate independently of the clock time controlling the whole
system, In other words, from the moment that the output value of
block QNT becomes not equal to zero, the other parts of the system stop
operating but only the bounded parts begin to generate a rectgngular
wave whose width is equal to the output value of block QNT. While it
is equal to zero, on the other hand, the bounded parts does not operate
but the other parts do.

The time quantized zero crossing wave just generated feeds to block
BUFF (block type OUT1) which is used for a temporary storage and records
its input signals on a magnetic tape designated by one of its parameters.
Block OUTMT (block type OUT2) does not operate before a simulation run
is completed, It reads the signal recorded on the magnetic tape
written by block type OUT1, normalizes all the values of the signal by
the maximum of absolute values of the signal and records again the normal-
ized signal on another magnetic tape as final simulation result.

In the block diagram shown in Fig. 5-3, different speech sounds
can be transformed by changing the filename which is one of the parameters
of block INPMT and different quantizations.can be performed by changing
the parameters of block QNT, KAIRO source program can be written in
the fofm shown in Fig. 5-4, which can simlate the block diagram in
Fig. 5-3 while changing input speech sounds.

V (2) Input and output procedures. The speech sound to be studied

is once transferred on an endless tape recorder which has two tracks.
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#OXWQNT KAIRO C
C....TIME QUANTIZED ZERO-CROSSING WAVE....

INPMT INP1  30,NYOXQT0002,200,2
oWV SCH  0.1,-0.1"INPMT
TP1 TRGP  "OWV
TP2 "TRGN  "OWV
OR IORL  "TP1,TP2
ID1 DEL "OR
CLOCK CLOCK
CNT CNT 1,200, 200"CLOCK, , ID1
DA FBOX  1M"CNT
DA=FLOAT(CNT)

EARTH ~ BAT  0.0"
SWTCH SWT "OR, DA, EARTH
PSWS FBOX  8"QNT,TP1,TP2

~ Q=QNT

IF(TP2.EQ.1) GO TO 8000
IF(TP1.EQ.1) GO TO 8001
GO TO 8005

8000 PSWS=1.0
GO TO 8002

8001 PSWS=-1.0

8002 CONTINUE

BUFF ouT KANDA1,1,1,"PSWS
PSWR FBOX  3"BUFF
Q=Q-1.0

IF(Q.GE.0.0) GO TO 8002
8005 CONTINUE

OUTMT 0UT2  KANDA1,1,2,0"PSWR
QNT QNT 1.’10’20,20,3',3-’40,4.,50,5.,60,6-,70/

70,8.,80,9-,10.,11.’12.,]h.’160,200,250/
33.,50.,100. "SWTCH

# END

# CHP
INPMT 1,NY0XQT0003
BUFF 1,AAA 43,2
OUTMT 1,AAAT4M5,1

# END

#OWARI FIN

Fig. 5=4 The KAIRO program for generation
of time quantized zoro-croossing wave.
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The speech sound is recorded on one track and clock pulses of 20,000 pps,
which are used for controlling the whole system consisting of an analog-
digital converter and a paper tape puncher, on the corresponding poftion
of the other track. The speech wave is usually sampled at the rate of
20,0007cps and converted into a digital form ip an accuracy of sign plus
ten bits by the specially designed analog-digital converter.: The paper
puncher punches sampled values in the digital form on a paper tape at
the speed of about 120 characters per second, The speech wave is
reproduced repeatedly, convérted and punched out little by little.

Thus, the endless tape recorder acts as a buffer between the analog-
digital converter and the paper tape puncher. The desired part of
spéech wave to be analyzed is determined by observing its wave form on
a cathode ray tube and set manually on the analog-digitél convertere.

The speech data punched on a paper tape are read in a computer to-
gether with a filename, the number of records and the number of data in
a record and recorded on a magnetic tape in the form which can be treated
by block type in KAIRO language.

This speech data are processed by a simulation program and recorded
again on another magnetic tape by the use of WRITE statement of FORTRAN,
Since it cannot be accepted, as it is, by the digital-analog converter,
its format must be converteq so that it has no block gap in one speech
wave, The conversion is conducted in the different phase from an
execution of simulation program, because it must be done apart from the
' supervision of the operating system of the computer. The simulation
result recorded continuously on the magnetic tépe is reproduced and

converted into an analog form by the digital-analog converter, which is
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- used for test sounds for an intelligibility test and other analysis,

for instant, frequency analysis by the Sonagraph.

 5=3 Intelligibility and confusion matrices

The intelligibility scores and the standard deviations of the
monosyllabic sounds transformed as described above are shown in Table
5=3. Each sound was differentiated with R-C circuit before it was
sampled and converted into the digital form. The time constant was

100 micro seconds which was determined by the result of preliminary

experiments.

intelligibility v standard i
scores (%) ' deviations (%)

a 62.3 5.6

b 67.5 3.8

c 70.9 4.9

d 70.9 3.6

e’ 95.5 2.4

Table 5-3 Intelligibility scores and standard déviations
for various methods of quantizing, inclﬁding infinite
clippingvonly and for original sounds; (a) frequency quantum
is 200 cps, (b) 100 cps, (c) 50 cps, (d) infinite clipping

only and (e) original sounds.
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In order to test the whole system, shown in Fig. 5-2, including the
analog-digital converter, the paper tape puncher, the simulation program
and éhe digital-analog converter, all the monosyllabic sounds used for
tests were. reproduced through the whole system without any transfor-
mation and their intelligibility was measured. It is also shown in
Table 5-3, which is good enough to prove that the whole system operated
correctly. The difference cannot be found between the infinite.clip-
'bing only and the quantizing whose quahtum is 50 cps in terms of
frequency scalee. In order to observe the effects of infinite clipping
and time quantizing Sonagrams of the word /kanda/ are shown in Fig. 5-5.
The intelligibility scores are not so good as those of Licklider

and Pollack.(Bl)

This is partially because the words in PB lists were
used in their experiment while the meaningless monosyllabic sounds were
used in the present experiment and partially because our listener

had not been trained in particular to hearing of zero-crossing speech
sounds.

The results obtained with the experiment measuring the intelligi-
bility were analyzed and the confusion matrices of various phonemes were
constructed. They are shown in Table 5-4. Each position of the table
contains the number of phonemes heard incorrectly. Since the confusion
between voiced consonants and unvoiced consonants were hardly observed,
they were groupeé in seperate tables. Furthermore, semivowels were
omitted from the tables because they were not confused at all.
Monosyllabic sounds used for tests are in the form of CV (consonant +

vowel). The confusion occurred chiefly in such a way that monosyllabic

sounds CV was heard as monosyllabic sounds C'V, This was shown in the
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heard .not

spoken heard| P t k h | s,{ [ts,tf total

not spoken 2 2 1 2 7 (20)

P 6 2 1 g9 (20)

t, 2 3 1 6 (12)

k 1 1 3 1 6 (20)

h 2 13 15 (20)

s ,J 5 5 (20)

ts , tf 2 2 ( 8)

(a~1) unvoiced sounds
heard not»
spoken heard m n r b d z,3 total
not spoken 2 (20)
m 1 7 9 (20)
n 1 3 5 (20)
r 5 1 7 (20)
b 6 3 1 2 13 (20)
d 4 2 1 7 (12)
g 2 2 2 6 (20)
z,5 1 (20)
(a-2) voiced sounds

Table 5-4(a) Confusion matrices of phonemes for speech

subjected to infinite clipping and time quantizing;

frequancy quantum is 200 cps.
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heard | not
spolen heard| P t Kk ho| s, |ts,f] total
not spoken 1 1 2 (20)
P 8 1 1 10 (20)
t 3 1 L (12)
k 1 1 3 5 (20)
h 2 13 15 (20)
s,J 1 3 L (20)
ts , tj 3 3 ( 8)
(b-1) unvoiced sounds
heard| not
spoken heard m- ‘n r b - d 2,3' total
not spoken 0 (20)
m 6 7 (20)
n 2 1 5 (20)
r 1 A 1 7 (20)
b L L 1 2 1 12 (20)
d 1 2 2 6 (12)
9 1 1 3 1 6 (20)
z ,3 1 (20)
(b-2) voiced sounds

Table 5-4(b) Confusion matrices of phonemes for speech

subjected to infinite clipping and time quantizing

(continued); frequency quantum is 100 cps.
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heard| not
spoken hearda| P t Kk h | s, [ts, t total
not spoken 1 1 2 (20)
P 5 2 7 (20)
t 1 3 4 (12)
k 1 1 3 5 (20)
h 2 3 9 14 (20)
s,f 2 2 (20)
ts , tf 1, 1(8)
(c=1) wunvoiced sounds
heard| not
spoken heard m n r b d g z,3 total
not spoken 0 (20)
m 4 2 6 (20)
n 2 2 1 5 (20)
r A 1 2 1 8 (20)
b 6 3 1 1 1 12 (20)
d 3 2 1 1 7 (12)
g 1 2 1 4 (20)
z ,3 o (20)
(c-2) voiced sounds

Table 5-4(c) Confusion matrices of phonemes for speech

subjected to infinite clipping and time quantizing

(continued); frequency quantum is 50 cps,.
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heard | not
spoken heard P t k h 5,5 ts,ts total
not spoken 2 1 3 (20)
P 6 1 7 (20)
t 3 1 L (12)
k 2 3 5 (20)
h 1 11 12 (20)
s ,J 2 2 (20)
ts , tf 1 1 ( 8)
(d-1) unvoiced sounds
heard| not
spoken heard m n r b d g 2,3 total
not spoken o (20)
m 9 1 10 (20)
n 3 1 5 (20)
r 1 2 2 1 6 (20)
b 4 5 1 1 2 1 | 14 (20)
d 1 1 2 2 6 (12)
g 1 1 2 (20)
zZ 4,3 o (20)
(d-2) voiced sounds

Table 5-4(d) Confusion matrices of phonemes for speech

subjected to infinite clipping and time quantizing

(continued); infinite clipping only.

-~ 105 =




tableé as the confusion between phoneme /c/ (spoken) and phoneme /c'/
(heard). If CV were heard as CV', the confusion would be shown in the
main diagonal of each table. The confusion contained in row ''not
spoken" means that vowels were heard as the sounds in the form of
consonant + vowel, and the confusion containéd in column "not heard”
means that CV was heard as vowels only. The last column of each fable
contains the total heard incorrectly for éach phoneme and the number of
phonemes used for tests in brackets, The contents of positions having
no entry are zero.

The effect of infinite clipping on the confusion of phonemes is
different from the results obtained with the experiments conducted with
physical devices, in which amplified and clipped noise filled the silent

(36) that this noise merged with the initial

interval. It was reported
burst of the stop consonant and increased the confusion between voiced
stop consonants and semivowels, and betweeh unvoiced stop consonants

and fricative consonants. Since noise in the silent interval was
suppressed in the present experiment when the speech wave was sampled
and converted into the digital form by the analog-digital converter, the
interference of clipped noise cannot occur,. No existence of clipped
noise in silent interval causes the iniiial parts of a}l the sounds to
sodnd like plosives. The confusion that sound /h/ was heard as sound
/k/ and unvoiced fricative as unvoiced africative is due to this fact.
The initial burst of unvoiced stop consonant is characterized with its
sharp explosive and its isolation followed by an aspiration of low
amplitude. The mutual confusion between unvoiced stops and vowels is

primarily due to the fact that infinite clipping uniforms the amplitude

of the initial burst and the aspiration. It seems to be caused by
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this fact that the/longer aspiration has a sound, the less it is confused
‘wifhin phoneme category of unvoiced stpps or that of voiced stops.

As expected, the larger is the quantum in terms of frequency scale,
the greater effect of quantizing appearé on the .intelligibility scores
and confusion of phonemes. As the present methods of quantizing give
the change to the frequency spectrum in the range of less than 1500 cps
as shown in Table 5=-1, the great'infiuence appears in vowellike sounds
which have formants as an imbortant cue in the corresponding range of
frequency. ¢ It is inferred that vowels, when heard incorrectly, are
more often heard as unvoiced stops than as any other phonemes when the
quantizing changes the formant frequency of a vowel towards the formant

locus of an unvoiced stop.,

5=4 Conclusion

In this chapter, one of'applicatiohs of KAIRO language to speech
information processiné was reported, In these experiménts, tﬁe~speech
wave was subjected to infinite clipping of the amplitﬁde and quantizing
of the time length of an interval between two adjacent zero crossing
points. The methods of quantizing were linear in.terms of frequency
scale in which the frequency quanta of 50,‘106 and 200 cps'were used,
Intelligibili£y of the subjecting speech wave to such trangformations
was measured and confusion matrices of phoneme were constructed for
various methods of quéntizing.

The experiments were simulated by means of a computer, The simu-
lation program was written in KAIRO language which had been déveloped

in chapters three and four, Since programming was easier with KAIRO
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language than with other general purpose language, the merit of KAIRO

language seems to have been proved sufficiently.
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CHAPTER 6

A procedure for automatic extraction of formant region —— an appli-

cation of KAIRO language to speech information processing (II)(37)(38)

6-1 Introduction

When speech sounds are analyzed by means of a frequency analyzer,
some peaks appear in their spectra, Especially in vowel sounds, four
dominant peaks are appearing in the frequency range lower than about
5 kcps. As mentioned in chapter five, the frequencies at these peaks
of the spectrum are called formant frequencies and they are named first
formant, second formant, etc., in the order they occur in the frequency
scale and nearly corresponding to the resonance frequencies of the vocal
tract cavity system; that is, the acoustic tube from lips to the glottis,
The lowest two or three formants contribute prim&rily to the discrimi-
nation among vowels, At an attempt to recognize the speech sounds
automatically, therefore, the first two or three formants play the
important roles in vowel sounds, Although a number of methods of ex-
tracting formants(39)(ho)(41)(42) have been studied by means of digital
computers as well as various analog techniques, the method is not dis-
covered by which the accurate formants are extracted automatiéally and
in real time,

As an approach to the goal, in this chapter, a procedure was
studied for extracting the frequency regions, where the formants exist,
rather than the accurate formant f}equencies.

This procedure was studied independently of the development of

KAIRO language but was nevertheless done by using the computer program
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and some successful results were obtained, Realization of the procedure
with hardware devices through analog technique was t}ied by the use of.
the block types in KAiRO language in order to obtain an-estimate of the
scale of whole system. Thg supplementary experiments which were per-
formed using the block diagram constructed increased the reliability of

the results previously obtained.,

6-2 Procedure and simulation program

6-2-1 Procedure
As mentioned in the preceding section, the formant frequency is
frequency at which the dominant peak appears in a vowel‘spectrum. If
the formant amplitudes, or the amplitudes of the dominant peaks in a
spectrum, are nearly equal, the formant regions are expected to be
extracted as the frequency regions where spectral amplitudes are larger
than a certain threshold value. In general the formant amplitudes,
however, are not equal in a vowel spectrum. Especially the second
formant amplitude of a Japanese vowel /u/ is often lower than other
formant amplitudes. The change of the input level of a vowel sound and
of the gain of the frequency analyzing sysfem involves the change of a
spectral level. In extracting the formant regions by the threshold
method, therefore, it is not suitable to use the constant threshold all
over the frequency range of interest. The threshold satisfying the
following requirements is desirable;
(1) it is large or small depending on the local amplitude of a
spectrum,

(2) it is relatively invariant to the variation of a spectral level,
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in other words, the formant regions to be extracted are not
changed by it.
A locally weighted mean was adopted as the threshold, since it satisfies
these requirements as shown below, Thé threshold curve was computed
for a spectrum expressedVOn a iinear scale, .

Let S(i) be the value of the i-th channel of amplitude spe;trum
and T(i) be the correspbnding threshold., They are both represented on
a linear scale. The formant regions are defined as the frequency
regions in which the difference between the spectrum and its threshold

. is positive. Difference b(i) of the i-th channel is computed on a
decibel scale and threshold T(i) is computed in the form of a locally

weighted mean of power spectrum S(i)z. Thus,

D(i) = 20 log S(i) - 10 log T(i) (i =21, 2, eeeey n) (1)
c2 5 _ ‘

T™Mi) = >, i s(3) (i 21, 2, eeeey, n)  (2)
J=e

where <y is the larger of two integers zero and i-r, c, is the smaller
of two integers n and i+r, n is the number of channels of the frequency
analyzer used for obtaining the amplitude spectrum, fifty in the present
case and r is a given positive integer. The wij are weighting coef-
ficients of the j-th channel for the calculation of the threshold of the
i-th channel and are expressed as follows;
(1 - 2
a/{1+ | C )
1 2
w,, = k (3)
ij

o] (i=3)

where a; and k are parameters. The wii were equated to zero so that

the difference between S(i) and T(i) might be emphasized in the formant
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regions. When the parameter k is small, a threshold curve closes to
its original spectrum. Since the threshold curve is quite coincident
with its original spectrum at the limit of k tenéing to zero, it is no
more useful as a threshold curve, On the other hand, the threshold
curve becomes gradually flat, as k increases, Since the weighting
coefficients are equal at the limit of k tending to infinite, the
threshold curve does not>satisfy the first requirement mentioned above.
Although it is sure from these considerations that the optimum value of
the parameter k exists, it is difficult to find it thoretically. So
the parameter k was set three from the result of the test computation
of the threshold curves for some spectra in the stationary and the
transient parts of connected vowel sounds. The ai are selected such
Cz

w

that >,

: 1.
3=Cy iJ =

In the present case, the variation of the spectral IeVél means

- the multiplication of S(j) by a constant factor A, It is easily shown
by substituting AS(j) into equations (1) and (2) that difference D(i)

is not changéd. The difference between a spectrum and its threshold

is turned to be invariant to the variation of the spectral level; in
other words, the formant regions to be found can be invariant since

they are extracted depending only on the sign of the difference. of
course, T(i), locally weighted mean of S(j),'is large or small depending
on the local amplitude of the spectrum, Thus it is known that T(i)

defined by equation (2) satisfies the two requirements mentioned above.

6-2-2 Block diagram for simulation

In general, the frequency spectrum of speech wave can be obtained
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with a bank of filters, Outputs of the filters are rectified, smoothed
by low pass filters and form a running spectrum,

There are two methods of computing the thréshold using this
spectrum, The first is the parallel computing with the circuit consist-
ing of a number of resistors connected with output terminals of the bank
of filters as shown in Fig. 6-1(a). The value of each resistor corre-
sponds to the value of fhe weighting coefficient appearing in equﬁtion
(3).  The second is the serial computing with the circuit composed of
a multi-tap delay line or a shift register and a few resistors connected
with the taps as shown in Fig. 6-1(b). In this method, the outputs of
the bank of filters are once held, sampled and scanned by a multiplexor,
The spectrum wﬁich is converted into a serial form is led to the weight~
ing circuit and the threshold is computed serially.

The latter was adopted here for the purpose of decreasing the
. number of devices. Siﬁce a compu£ing time takén to simulate the bank
of filtérs.increases as the number of filters becomes larger, the
frequency spectrum of speech wave is obtained by means of actual filters
which will be described in detail later, Instead of simulating the
bank of filters, the spectrum which is punched on a paper tape by the
instruments described in chapter five is read in a computer. The
timing of reading the sﬁéétum is controlled by the signal wﬁich is to
control the multiplexor acctually.

On these conditions, the system extracting formant regions were
simulétedlby the use of KAIRO language. The block diagram of the
whole system is appearing in Fig. 6-2. It begins to operate by setting
on manual switch ISRT (block type FBOX), Under the control of the

signal generated by blocks included in the part denoted in Fig. 6-2
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(a) Parallel computation

Figo 6-1

W
A
e’l’""?’"

‘.' ,\“/’0\‘

1
KX

(b) Serial computation

Methods of computing thresholds.

NEG 1DB
NOT DEL
CONTROL PART
‘ TA 1DA
TRGP DEL e
puLsg ~ ANDA | ANDB | oymp DA CIN M
CLOCK | CNT FBOX CIN MMV |—4
ISRT TB
IDD
ANDC % Ly pEr,
S A5 SPECT ' [1DC
515 | DEL,
su H
Al ADDER +
s8 + Y= DIViys PCLL H+ DEL |» SCH |- TRGN —3{ FBOX
DIVF[JSLICE D1 SUB SCH TC {%
S1 PRINT
"t ~[pEL]
DELA

Fig. 6-2 Block diagram for extraction of formant regions.
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as CONTROL PART, block SPECT (block type FBOX) which reads the spectrum
in a computer and converts it into a serial form, The serial spectrum
is led fo the weighting circuit consisting of‘shift regis£ef S whose
cells are named S1, S2, ...es, S14 and S15, and amplifiers A1, A2, ....
eoey Al and A15, The number of cells is related to parameter r, the
width of weighting range, appearing in the previous section; that is,
2r+1 is equal to the number of cells. The threshold of the first
channel of the bank of filters appears as an output of adder ADDER in
seven clock times after the serial spectrum is led to the.shift register.
Thus the threshold is in turn computed every clock time.

The next serial spectrum must begin to be led to the shift register
in eight clock times after the last channel of the current spectrum is
led to it in order that the computing of thresholds of the current
spectrum cannot be disturbed by the next spectrum, The signal con-
trolling this timing is also generated in the control part, Its
perférmance is as follows, Counter CNT counts a train of pulses and
its output corresponds to the channel number . of the spectrum to be read
in, When it is coincident with the number of channels, coincidence
circuit CIN produces the signal to trigger monostable multivibrator M,
which controlg the timing mentioned above, Its pulse width is equal
to the period of seven clock times and during this period the input gate
of the pounter is inhibited, Outputs of the counter and monostable
multivibrator are used for displaying the results too. The time chart
of this part ié shown in Fig., 6-3.

The difference between the spectrum and its threshold is printed

out in the same form as the pattern of Sonagram by block PRINT (block
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type FBOX). As it must be displayed on a deéibel scale, the ratio of
the;spectrum to its threshold is computea by block DIV, and the con-
version of it into a decibel scale is performed'in block PRINT. In
order to emphasize the maximums of the differences in the formant
regions they are differentiated spacially by blocks SUB and D1 and the
channels giving the maximums are detected by Slock SCH.

KAIRO source program which is converted from Fig. 6-2 is shown in
Fig. 6-4, Subroutine INPUT which is called here reads the spectrum in

a computer and PRINT prints out the pattern of the difference.

CNT 48 495 O O 0 0 O O O 1V 2 3 4L 5 6 7 8

CIN H

" o

L R

NEG i _____________

TB [

515 48 49 50 12 3 4 5 6 7 8
S8 43 bb 45 46 47 48 49 50

S1 | 43 Ly 45 46 47 48 49 50

Fig. 6-3 Time chart of the block
diagram shown in Fig. 6-2.
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#A0833 KAIRO C
C...+.EXTRACTION OF FORMANT REGIONS....
C....CONTROL PART....

PULSE CLOCK
ISRT FBOX 1
ISRT=1
ANDA ANDL "PULSE, ISRT
ANDB ANTL "ANDA,NEG
ANDC ANDL. "ISRT,NEG
CNT CNT 0,100,100"ANDB, ,TA
TA » TRGP "IDA
IDA DEL "CIN
DA FBOX 1'CNT
DA=FLOAT(CNT) ,
CIN CIN 49,5,50.5"DA
M MMV Y"CIN
IDB DEL "™
NEG NOTL "I DB
TB TRGP WANDC
Ceee.COMPUTATION OF THRESHOLDS....
SPECT FBOX 1"CNT,TB
CALL INPUT(SPECT,CNT,TB)
S SHR "SPECT
S1 DUM "s Fig. 6-4 The KAIRO
11 .
s2 D?M s program for extrac-
Y tion of formant re-
58 DgM 1S gions.
S15 DUM "ns
A AMP 0.02525"51
A2 AMP 0.03255"s2
A15 AMP 0.02525"S815
ADDER ADD VTA1,A2,0 400, A7,A9, ... . ,A15
Cl..ODISPLAY..O.
DIV DIV "A8, ADDER
SLICE PCLL 1.0'"DIV
Di DEL "SLICE
SUB SUB "SLICE,D1
SCH SCH 0.1,=-0.,1"SUB
TC TRGN "SCH
DELA DEL "DIV
IDC DEL 8"CNT
I1DD DEL 8"M
PRINT FBOX 1"DELA,TC,IDC,L1DD
CALL PRINT(DELA,TC,IDC,IDD)
# END
# FIN
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6-2-3 Spectral data

The speech wave to be analyzed is.once recorded on an endless
tape recorder. It is reproduced repeatedly and analyzed by a frequency
analyzer, The short time spectrum obtained is sampled, scanned by a
multiplgxor and converted into the digital form by means of the instru-
ment described in chapter 5.

The frequency analyzer(QB) is composed of thirty channels. Each
channel consists of a single tuned filter, an amplifier, a rectifier and
a low pass filter.  The single tuned filter has a half power bandwidth
of 33.cps and the spacing of their center frequencies is uniformly 33
cpSe This bank of filters can cerr the frequency range of 13 kcps
through 14 kcps. The frequency range of speech wave is shifted to this
range by modulation. The analyzing range of speech wave is determined
by the selection of the carrier frequency of moduiation. The analysis
is conducted on each 1 kcps for each revolution of the endless tape
recorder in such a way as O-1 kcps, 1~2 KCPS, +eees , 7~8 kcps for
corresponding carrier frequency 14 kcps, 15 KCPSy eceesee Zi kcps
respectively.

Since vowellike sounds were chiefly used in this experiment, the
analysis was limited at the range of 0-5 kcps. Thus the spectrum of
150 channels was obtained. However, the number of channels was so
large that it was incorporated into the spectrum of 50 channels by
summing up outputs of three successive channels in a power dimension in
a computer. This power spectrum was used for the experiment of ex-

tracting formant regions.,
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6-3 Results and conclusion

Difference spectra D(i) were computed for the complete spectra
obtainsed from vowellike sounds. The frequency regions in which they
had positive values were extracted as the formant regions. The differ-
ence spectrum was quantized with a 2 dB step in the formant regions,
Corresponding to the complete spectrum of the original sound, the
difference spectrum was printed out. An appropriate letter was as-
signed for each quantized level in the formant regions and no letter
were printed out for the regions in which the differences were negative.

The typical results of this procedure are shown in Fig. 6-5(a)
and (b). Symbol "X" denotes the quantized level higher than 6 dB,

"#" from 6 dB to 4 dB, "*" from 4 dB to 2 dB, and "." from 2 dB to O dB,
Symbol "O" denoteg the channels of peaks in extracted formant regions.
Spectral data in these figures were obtained from sounds /uén/ of word
/takuan/ and /ano/ of word /sano/ which were spoken by a male talker,

The first formant region, the second formant region and the third formant
region in Fig. 6-5(a) are extracted clearly, though low harmonic com-
ponents are also extracted in some parts. The movements of formant
regions are apéarent as much as in the pattern of the Sonagram. The
formant regions may be said to be extracted fairly well for tested
sounds, although thei are rather few in number.

The formant regions obtained by this procedure may be used
effectively as the first approximations for the accurate formant extrac-

(39)(40) which has been

tion method, say, Analysis-by-Synthesis method
proposed and developed by Stevens, et al. Because of not requiring so

much time, this method may be useful and substituted for the Sonagram
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if it is desired to deal with a great number of data and is not required
high accuracy in extracting formants. Since the procedure could be
realized with simple analog circuitslas shown in Fig. 6-2, it might be
expected to play an important role as a'part of a real time processing

system of speech sounds.
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CHAPTER 7
Conclusion

In this thesis, a simulation language, KAIRO, was described and
its applications to speech analysis were .reported. KAIRO language is
suited for the simulation of information processing systems, including
both analog and digital signals, such as character recognition systems,
speech analysis and synthesié.systems'and communication networks.

The detailed structure of KAIRO language was explained in chapter
3. A simulation model can be described in the form of a block diagram
familiar to engineers. It can be constructed by block types provided
as basic functions which are characteristic in the problems mentioned
above. Furthermore the programmer can define his desirable functions
with FORTRAN language. A statement appearing in KAIRO source program
corresponds to éne block in the block diagram and the sequence of sfafe-
ments may be independent of the flow of signals. The extreme of its
advantages is this ability of automatic sequence control which is
committed to the care of the programmer in a general purpose language.

In chapter 4, the KAIRO compiler was described in detail. It is
divided into two main parts. One analyzes the syntax of a source
program and the other interprets block types included in it and converts
them into the corresponding sets of FORTRAN statements. The structure
of KAIRO language is essentially the representation of a block diagram
in terms of the list structure. Therefore the push down store is
effectively used for the syntactic analysis of the KAIRO program. The

interpretation of block types is performed in the general form. The
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F-Table which contains information necessary for analysis of a state-
ment and the statement mould which is the original pattern for interpre-
tation of block type are provided for each block type. Object state-
ments can be obtained simply by replacing the dummy variables contained
in the mould by the actual ones specified by the KAIRO statement. The
addition of a new function to the KAIRO language as block type can be
performed so easily that only the F-Table and the statement mould may
be added to the compiler.

Effectiveness of KAIRO language has been proved through its
applications to the simulation problems of speech analysis in chapters
5 and 6. KAIRQ language seems to provide the method of converting
a simulation model into a computer program. Judging from author's
experience in programming with FORTRAN language, a computing speed of
the object program gepefated by the KAIRO compiler seems to be as fast
as that of the program coded directly in FORTRAN language, On the
other hand, the object program tends to be large in comparison with
the program directly coded. For instance, the circuits composed of a
shift register and amplifiers appearing in chapter 6 should be converted
into a short and simple program including a DO statement, but in fact
the same pattern of program is repeated the same number of times as
that of the amplifiers., This is because the policy of the KAIRO
compiler consists in that a computing time is made as short as possible.

The design of KAIRO language was planned in April of 1965. The
computer, HITAC-5020, which was used for its development was opened to
the public users in the Kyoto University Computétion Center in Octover
of 1965, Its core memory of 16 K words was insufficient for a scale

of the compiler. It was, therefore, obliged that the core resident
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part of the compiler was so small that it could accept a block diagram
including as many blocks as possible. This fact produced various
kinds of disadvantages on the construction of the compiler. The
extremé of them was that the handling of a magnetic tape was impossible
because the system subroutine for it required a large scale of memory.
The core memory of 32 K words could accommodate the whole compiler
program simultaneously and would enable the object program to be
written on a magnetic tape,

The KAIRO compiler was completed in March of 1967 after full two
years., This period does not seem so long as compared with a scale
of the compiler. However, there is no doubt that the facts that the
computation center has been managed completely under a closed shop and
that a turn around time becomes longer because of a tremendous demands
for a large scale and high speed computer have made it greatly diffi-
cult and inefficient to develop the programming system with an as-

sembly language.
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