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ABSTRACT 

A discussion of the necessity of automation of medical 

waveform analysis and of methods of performing this analysis 

is given as motivation for the project reported by this 

paper. This is followed by a short discussion of present 

methods which use either an analog or digital computer as a 

tool of analysis. Emphasis is placed on finding a better 

method of displaying the results of the analysis in some 

meaningful manner. 

The investigation of three proposed methods of using a 

large general-purpose digital computer to analyze medical 

waveforms and how each might give a useful display of the 

information contained in the waveform is reported. One 

method is selected for special discussion as to exactly how 

it might be implemented; reasons for selecting it over the 

other proposals are given. 

The selected method of analyzing medical waveforms 

(EEG in particular) and displaying the results involves 

performing a type of Fourier analysis on short sections of 

the waveform by using a special type of convolution and 

displaying the result on the cathode-ray display tube of the 

computer. Mathematical justification of the method of 

analysis is given. 

Such a system has been programmed and used on the 

Rice University Computer: actual procedures for use are 

discussed and special techniques which have been used are 

reported. 
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EXISTANGE OF A PROBLEM 

For many years it has been apparent that the human body 

exhibits several time-varying voltage potentials. These 

signals have largely been attributed to various functions of 

the body; some -- such as the electrocardiogram -- have been 

very definitely identified as arising from specific bodily 

functions while other more subtle electrical waveforms have 

been only vaguely identified as to their origin and meaning, 

In addition, the use of transducers for transforming 

physica1 movements and actions into electrica1 signaIs in 

order that the signals might be more easily (and exactly) 

measured and recorded has become quite common. In both 

cases the use of electrica1 and electronic devices for 

measurement of these periodic electrical and physica 1 

phenomena has caused the interpreter to be presented with 

vast quantities of data. Since most of these signals are 

low frequency by nature, they have often been displayed in 

the form of a wiggly line drawn on a strip chart by a pen. 
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Before data of this form became avai lab le in such 

ity as it is today, it was always analyzed or inter- 

d by human diagnosticians or lab technicians . Uni11 

tly the only data of this nature commonly available was 

lectrocardiogram (EKG). Because of its striking nature 

ew easily identifiable characteristics -- due perhaps 

e simple nature of the job of the mechanism producing 

and its high voltage compared to the natural background 

, it was early identified and used. The most common 

iarities and characteristics of the, EKG signal were 

ly correlated to appropriate conditions of the heart, 

came useful and essentia 1 because it was easy to identi- 

nd even to predict, conditions of the heart in situa-. 

where such ana lysis might not have been made with older 

ds . 
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However, it is doubtful whether even today all of the 

information contained in the EKG waveform, the best known of 

them all, is being extracted. This points to the central 

problem considered here. 

With all the ways of taking electrically from humans 

large amounts of data pertaining to all manner of things 

from eye movement to pulse strength, there arises a need to 

reduce this pile of data -- automatically to a form which 

concisely presents the essential information needed by the 

doctor or diagnostician. Indeed, perhaps if this is done, 

information may even be extracted by some process which 

would normally be too complicated for a human interpreter to 

"see11, At any rate this is the central problem: for each 

type of medical waveform, to find a method of presenting for 

human use the essential information contained in the wave¬ 

form in such a manner that it may be easily and concretely 

interpreted. 

In most cases, however, this is quite difficult with 

present techniques. Not all waveforms are so easily ob¬ 

tainable as EKG waveforms nor so well understood as to their 

source and cause. The analysis and interpretation of wave¬ 

forms from these sources is consequently hindered; machines 

cannot perform this task until humans can tell them how to do 

it. Notwithstanding, research is proceeding in attempts at 

least to find ways of displaying the information in these 

waveforms in forms which might help in the development of 

methods of analyzing them. 

Consider, as an example, the electroencephalogram (EEG). 

This waveform exists as a very low potential, has a pretty 

random appearance, is of very uncertain origin and yet 

apparently has much significance with respect to the activity 

of the brain. It is certainly not understood nearly so well 

as the EKG waveforms. There is, in fact, discussion as to 
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whether signals from an aggregate of millions of cells in the 

brain can ever represent more than a relatively meaningless 

composite signal. This project was undertaken in order to 

gain an insight into the general problem -- that of analyz¬ 

ing these signals -- by attempting to construct a method of 

displaying the information found in these signals. Although 

the waveforms considered were EEG waveforms, the methods 

were of such general nature as to allow them to be applied 

to the analysis of other medical waveforms. 
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METHODS OF ANALYSIS 

Automatic analysis of medical waveforms involves trying 

to recognize in some manner standard meaningful patterns in 

either the waveforms themselves or in the displays of the 

information contained in them. As commonly used, ''pattern 

recognition" means a method involving recognition of patterns 

in the waveform itself. This is to be done in spite of in¬ 

dividual variations in the shape and frequency of the signal 

and in the presence of noise, by essentially the same process 

a human interpreter might use to analyze the waveform. 

This is a problem of considerably greater magnitude 

than it might initially appear to a casual observer. The 

process by which humans recognize visual patterns and 

correlate them with previously seen patterns is only vaguely 

known. Attempts to simulate this process have met with only 

token success and have mainly served to suggest the complex¬ 

ity of the correlation process which the brain must perform. 

(This, incidentally, points back to the central problem of 

trying to analyze EEG waveforms which come from such a com¬ 

plex machanism.) 

As an example, a human can recognize a symbol such as 

the letter "A" even when very sloppily or crudely written 

without regard, almost, to a myriad of individual variations 

in the exact form of the letter. This also serves as an 

example not only of the problem of pattern recognition, but 

also of the problem of producing a bionic technique by trying 

to simulate exactly a human function. 

Recognition of medical waveform patterns presents vary¬ 

ing degrees of difficulty. EKG waveforms are being analyzed 

experimentally in this manner with fair success. However, 

results have not been so promising where more complicated 

waveforms are concerned. 

-4- 



Another promising direction of research is that of 

analyzing the waveform for its frequency-amplitude char;-? 

acteristics as functions of time. Because of the periodic 

nature of the waveform, this approach may prove to be very 

useful. The power present at any frequency may be deter¬ 

mined and consequently the variation of the distribution of 

power with respect to frequency may also be determined. The 

variation of this distribution as a function of time is 

probably of great significance. Information is possibly 

also contained in the variation of the phase relationships 

of the components at each frequency. 

The problem here is to display the information obtained 

from the waveforms by the above methods in such a fashion 

that the significant patterns may be discerned. Since the 

characteristics of each type of waveform in...various situat¬ 

ions are just coming to be known, another problem is to 

determine just what significant patterns result from each 

particular type of analysis or "data reduction1) , 

Displaying the information contained in the waveform so 

that it may be easily used is then as important as actually 

learning to recognize the patterns obtained by displaying 

the information in that form. 
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ANALYSIS BY COMPUTER 

Both analog and digital computers have been used to 

analyze medica1 waveforms. For the recognition of patterns 

in the waveform itself, however, only digital computers (or 

humans) are used. The reason for this is that the signal 

being analyzed must be compared to a set of reference wave¬ 

form patterns of known significance. To do this properly, 

the computer must be able both to "remember" reference 

patterns and to normalize the waveform being analyzed with 

respect to both amplitude and time-frequency in order to 

make comparisons. This will require a digital computer with 

considerable memory if the waveform is of any length or 

contains high frequencies. 

This process of analysis can possibly be made easier 

by first performing some sort of frequency and/or amplitude 

analysis on the waveform so that the information contained 

in the waveform can be more easily displayed. Then the 

pattern recognition process might be much less difficult -- 

assuming, of course, that the reference patterns are avail¬ 

able in this form. Conversely, such a frequency/amplitude 

analysis might make the initial identification of signifi¬ 

cant patterns less difficult. 

The frequency/amplitude analysis is then a form of data 

reduction which is performed to make the pattern recognition 

easier. This analysis will be done by computer, and so may 

the pattern recognition, or -- if the frequency/amplitude 

analysis is ^good" enough -- by humans. Actually, it will 

become very desirable in the future to have the entire 

analysis done by machines for reasons of consistency and 

speed. However this project considers only the frequency/ 

amplitude type of ana lysis. 
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This type of analysis may be done in many ways by both 

analog: and digital methods. The analysis may be done so as 

to extract information showing all the frequencies at which 

power is present in the signal as well as the relative 

amounts of that power, or it may be so simple as merely 

counting the baseline crossings of the signal. Methods 

which utilize analog computers tend to be simpler than those 

using digital computers; this is because of the greater 

flexibility of operation available on digital computers. 

Most of the significant methods (with exceptions such 

as those using random adaptive filters) use either type of 

computer as a tool. Consider the following methods. 

Suppose the first and second derivatives of a short 

length of a signal are obtained and then clipped so that 

only a square wave showing the zero-crossings of the original 

signal and its derivatives remains in each case. Then the 

number of zero-crossings occurring during short intervals is 

tabulated. The variation of these numbers with respect to 

time would probably yield significant information. 

Obviously this method of analysis could be performed 

using either analog or digital analysis. In this case, since 

the analog process is simple and the results obtained are not 

complicated, it would probably be best to perform the analy¬ 

sis in that manner. This has been done in real time by 

Dr. Neil R. Burch at the Houston State Psychiatric Institute. 

Secondly consider an analysis showing the variation of 

power with respect to time within a disjoint set of band-’, 

widths. This sort of analysis would essentially give the 

power density spectrum as a function of time. In the case 

of a waveform of very complex origin, looking at the results 

of this type of analysis might give more significant infor¬ 

mation than looking at the original waveform. The process of 

carrying out this analysis is quite complicated; however, it 
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has been performed both by analog and digital methods. 

About twenty years ago, W. G. Walter produced an auto¬ 

matic mechanism using a series of resonant band-pass filters. 

This device consisted of filters which delivered their rec¬ 

tified output to a bank of capacitors which were sampled 

sequentially every ten seconds. The output form was a strip 

chart graph showing the relative magnitude of the charges 

which had been stored on the capacitors at the output of 

the bandpass filters during their charging interval. 

This system can be easily simulated digitally and the 

outputs -- the power present within the passbands of the 

filters -- can be presented in more informative ways. The 

information can also be preprocessed easily in various ways. 

A disadvantage is that a powerful computer with a large 

memory would be required for performance of the task in real 

time. This must be balanced against the ability of a 

general-purpose computer to do an exhaustive job of analysis. 

Bandpass filtering is usually done by a series of con¬ 

volution integrations. This type of computation is usually 

time-consuming even on a very fast computer, due to the large 

amount of multiplication required. However, techniques exist 

which do not require the convolution of long data samples. 

In fact, it appears to be advantageous (for this type of 

analysis) to perform the filtering on short sections of the 

data in order to avoid losing information corresponding to 

events which occur during only part of the total time length 

of the waveform being analyzed. 

The intention of this project was to try to investigate 

the possibilities of analyzing medical waveforms on a large 

general-purpose digital computer and utilizing the fast out¬ 

put ability of the cathode ray display tube of that computer 

to present the information so obtained in forms which might 

facilitate recognition of significant patterns of frequencies 
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occurring in the waveform. The two approaches mentioned 

above, both of which have been done by ana log devices, were 

considered, and both methods were attempted a 1though the 

first was eventually discarded because it was thought to 

ignore parts of the data which might have been quite sig¬ 

nificant . 
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VARIABLE DENSITY PLOT SYSTEM 

The intention of this project was to investigate methods 

of displaying the information obtained from frequency/ampli¬ 

tude analyses in some form of density plot where the coordi>r- 

nates were frequency and amplitude or power -- with perhaps 

time as a third coordinate. It was hypothesized that pat¬ 

terns of varying densities of dots showing quickly the 

results of some type of frequency/amplitude analysis might 

be very useful in trying to establish easily recognizeable 

patterns containing information from medical waveforms such 

as EEG waveforms. 

Initial Try. The first method studied was an attempt to 

analyze the sampled data point by point by determining at 

each point an equivalent sinusoidal amplitude, frequency, 

and phase by using finite-difference approximations. The 

phase would, in this case, be meaningful only if time is 

strictly interpreted. Suppose we consider an arbitrary part 

of a waveform as shown in Eigure 1 which is defined by 

samples equally spaced in time (as will be automatically 

assumed hereafter). By considering each point occurring at 

time t and the points immediately preceding and succeeding 

it in time, finite-difference approximations to the first 

and second time derivatives v and v can easily be obtained: 

Let 

V = v(t2) (1) 
Then we use the following approximations to obtain 

AV2 [v(t^j - v(t2)] + [v(t2) - v(t2)] 
V i=a   

At 2 At 

v<t3) - (2) 
2 At 
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S imi lar ly 

v » 

*v2 3 - Av
12 

■1 At At 

At 

AV23 - AV12 

(At)2 

[v(t3) - v(t2)] - [v(t2) - v(tj)] 

(At)2 

v(t3) - 2v(t2) + v(tx) 
;:(3) 

(At)2 

Then suppose we assume that that portion of the signal can 

be represented as follows : 

v(t) = A sin (lot + 0), (4a) 

v(t) = A 0) cos (uut + 0) > (4b) 

v(t) = -A U)2 sin (tot + 0) . (4c) 

From these equations, we can determine A, 10, and 0. 

v(t1) - 2v(t2) + v(t3) 

-v(t2) (At)2 

_1_ 

At 

v(t ) + v(t ) 
 i i - 2 

v(t2) 
(5) 

2 
V + 

(JU 
=> A 

U) 

*2 (6) 
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~ = sin (tot + 0) 

=> U)t + a . -1 v 
9 = Sln A 

0 = -out + sin- 1 V 

A (7) 

Thes e values ca n be interpreted as the parameters of a 

sunu soidal wa ve form which could be fitted to the c urve at i: 

tha t point. No tice that imaginary frequenci es wou Id result 

at points whe re the second derivat ive is of the same sign as 

the signa1. (S ee Fi gure 2.) 

The numb er of p oints which seemed to ha ve ima ginary 

f req uen.cies p re s eft t would be an in dication o f the irregular- 

ity of the wa ve f orm, It would thu s give inf orma ti on as to 

the; presence of high er frequency c omponents of the signa1. 

The type of d is play used for this sort of an alysis is shown 

in F igure 3. 

This typ e of an alysis proved to be impractica 1 for the 

following rea sons . It was very sensitive to both noise and 

high frequenc ie s eve n when the signal was fi ltered before 

ana lysis. Va r i ous types of smooth ing filter s were tried; 

however, they d id no t improve the results si gnific antly and 

did increase conside rably the time required for an alysis . 

This method a Is o has the disadvantage of req uiring a large 

amount of arithmetic to determine the to vs, v coordinates, 

including the extraction of two square roots and the evalu¬ 

ation of an arcsine. Consequently, it could be done in real 

time only on a digital computer with extremely fast arith¬ 

metic capabilities. For the above reasons, this line of 

effort was dropped. 

Second Try. The next method studied was an attempt to cim-j- 

simplify the first method as follows: using finite-c.:'.:7:;c 

difference approximations, compiute the first and second 
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FIGURE 2 
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FIGURE 3 
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derivatives over a short interval of time (say, ten seconds). 

Then measure the time interval, At^, between consecutive 'a . 

baseline crossings of each of the functions. The reciprocal 

of each At^ gives what Dr, Burch calls the "half-wave fre¬ 

quency!! :of the signal at that point in time. Then the 

number of cycles of the signal with half-wave frequencies 

falling in each of several bands is plotted for each time 

period, producing a graph similar to the one shown in 

Figure 4 or a smooth curve passing through the top of each 

of the bars. Over a longer period of time the graphs for 

each ten-second period can be combined by plotting a point 

corresponding to the top of all the bars on each graph, such 

as shown in Figure 5. This sort of density plot would 

merely give an idea of the variation of the relative pre¬ 

valence of the major frequency components of the waveform. 

This may be done slightly differently on a continuing 

basis which lends itself very nicely to real-time computa¬ 

tion. The total number of baseline crossings within each 

ten second epoch is continuously tabulated or plotted for 

the signal and its first and second derivatives. This sort 

of analysis is currently being experimentally performed in 

real time by analog methods at the Houston State Psychiatric 

Institute by Dr. Burch. His terminology for this type of 

analysis is "Period Analysis11 and he refers to the average 

period obtained by this method in each ten second period as 

the "major period, intermediate period, and minor period11 

when referring to the signal and its first and second deriva¬ 

tives respectively. For a typical example, see Figure 6. 

The general theory proposed for this type of analysis is 

that the count of baseline crossings of the waveform gives 

an indication of its fundamental frequency, that the second 

most predominant frequency will show up in the first de¬ 

rivative, and that the second derivative gives a good 

-16- 



FIGURE If. 
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FIGURE 6 
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indication of the irregularity of the waveform. 

This form of analysis can be deceptive, however. It can 

be seen that all the information of the original waveform is 

not present in the three derived clipped signals (looking 

only at the baseline crossings is equivalent to infinitely 

clipping the waveform) from the fact that the original signal 

can not be completely reconstructed from them. As an example 

of information that would be lost under such analysis, see 

Figure 7. Peaks such as those present in the original wave¬ 

form would most likely contain important information; how¬ 

ever, their presence would be sensed only slightly by the 

clipped first and second derivatives. 

Because it was felt that a waveform undergoing analysis 

should lose as little as possible of the information present 

and that other forms of analysis offered this quality, the 

study of this method of analysis was abondoned. 

Fina1 Try. The method which was finally used in a large 

analysis system programmed for the Rice University Computer 

involved convolving short filters with short sections of 

input data. The input signal was analyzed in ten second 

epochs. For each block of input signal a density plot and a 

bar graph were produced showing the distribution of power 

with respect to frequency. For an example see Figure 8. The 

density plot gives an idea as to how the power at each fre¬ 

quency varied during the ten second sample of the input wave¬ 

form. If closer scrutiny of this variation of power at any 

frequency as a function of time is desired, it is possible to 

produce a series of graphs showing this variation, since the 

digital bandpass filters are applied to the signal sequent, 

tially. The graphs and plots are displayed with axes and 

identification on the cathode ray tube output of the computer, 

and movies of them are automatically taken. These movies 

can later be displayed or enlarged and printed. 
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FIGURE 7 
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DENSITY PLOT 

' (power vs. 
log frequency) 

FIGURE 8 
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A series of bandpass filters with passbands of Gaussian 

shape about the center frequency (as shown in Figure 10) 

were used to determine the power present near each frequency 

of analysis. The filtering process was performed by convolv¬ 

ing the impulse response of the desired filter with the input 

waveform in the manner which will be described below. For 

the passbands selected, the impulse response of the filter 

is a sinusoid of frequency (JUQ (where is the center fre¬ 

quency of the passband) with a Gaussian envelop. (See 

Figure 9.) 

The Gaussian shape for the filters was chosen because 

it gives the maximum energy-pa eking within the least interval 

in both the time and frequency domains. In addition, it has 

the nice quality of being monotonically decreasing in both 

directions from the center of the ,,bellM. Thus the limits 

of the integrations across the "bell" may be easily set to 

obtain arbitrarily low truncations errors. 

The operation performed on the input signal is essen¬ 

tially that of passing it through a set of filters to deter¬ 

mine the power present within the passband of each filter. 

The results obtained are displayed on a power vs. frequency 

(to log scale) plot. Thus the output of the system gives an 

indication of the manner in which energy is distributed in 

the spectrum of the input signal. 

If the input signal f(t), with Fourier transform 

F (icu), is passed through a filter with frequency response 

G(iuu), the output wave form h(t) of the filter will have 

a Fourier transform H.(icu) given by 

H(ito) = F (iuu) G (iuu) . (8) 
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The energy contained in the output waveform of the filter is 

I' 
n 

|H (icu) | dou. 

We may evaluate this integra1 by using Parseval’s formula to 

transform the operation to the time domain: 

5 
_co 

00 

|H(itu) |2du> |h (t) |2dt (9) 

We may obtain h(t) by taking the inverse Fourier transform 

of equation 8. Then 

h(t) = f(t) * g(t), (10) 

where the * indicates the convolution operation and g(t) 

is the inverse transform of G(iuu); i.e., g(t) is the 

impulse response of the filter. The convolution operation 

may be expressed as 

g(t) * f(t) - T) f (T)dT (ID 

(Iff(t) = 0 for t<0, the range may be taken as [0,“).) 

Then the equa tion becomes 

h(t) = ^ g(t - T)f(T)dT. 

o 

(12) 

We earlier chose G (iuu) to be of Gaussian form, and this 
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is now precisely stated as 

G(ic) ' "'>2/4“- (13) 

The inverse Fourier transform of G(icu) is 

-«t2 

g(t) = e (Cos U)Qt + i sin CUQt) . (14) 

Notice that this is not a physically realizable impulse 

response since it is both anticipative (g(t)^O for t<0) 

and complex. G(iou) is positive and real, however. 

Now if we let 

g(t) = gx(t) + ig2 (t) (15) 

whe re 

. v -oct 
g - (t) = e Cos u) t 
l o 

-oct2 
g2(t)=e sin it) t, 

(16a) 

(16b) 

then we can write 

SOD r\co 

| H (io>) |2du) = \ |h(t 

-CO _OD 

= 5' 
-00 

■S' 

) |2dt 

| f (t) * g(t) |2dt 

|f (t) * g]L(t) + if (t) * g2(t) |2dt 
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* g^t) |2dt 

$ + \ |f (t) * g„ (t) | dt, 

and finally 

r |H (iOJ) | dcu = 

-.2 

gl(t - T)f(T)dT 

+ 

o 

g2(t - T)f(T)dT dt . (17) 

Notice that the limits of the range of integration may 

be chosen as some smaller value since f(t) is assumed to 

be non-zero only in the range O^t^T and g(t) may be 

assumed to be zero ;with-arbitrarily small error outside 

the range O^jtj^t^. Thus we may use, instead of equation 17, 

r | H (iuu) | 2 duu = (t - T)f(T)dT 

T)f(T)dT 

U o 

► dt , (18) 

Then the output power of each filter may be computed using 

the following summation approximation to the intgrals: let 

the non-zero part of the sampled input signal f(t^) be 

composed of m sample points (corresponding to T) and the 

non-zero part of g(t^) be composed of n points (correspond¬ 

ing to t• Then we will use 
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(19) 

The limit k will be set to correspond to the increment At ^ 

of t^,, which is optimally determined below: but 

K. 4 (m/n) 

since At ^ will be set to about one-fourth the length of the 

time filter (i.e., impulse response) waveform, i.e., n/4. 

Notice that for each value of j one point of the density 

plot will be displayed on the cathode-ray output of the 

computer with coordinates being the value of the correspond-:, 

ing term of the outer summation on the left side of equation 

19 and . Each bar of the bar graph will correspond to a 

complete evaluation of equation 19 for that particular UUQ. 

To determine optimal values of the other parameters of 

the system, we shall make the following considerations. To 

obtain a uniform overlapping of the filter bands at their 

half-power points, cc must be set as follows: let 

A. U) = u) - uu. . 
I 

Then we desire that 

£LUU 
2 

-] W 

jt = e 4oc 
2 

(20) 

So let 

i + 1 (2 1) 
l 
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Then for proper spacing let the half-power points occur at 

the mean of Cl), and il). . i.e., where 
1 i+l* ’ 

ID (1 + f) 
A (1) =  g UK. 

This reduces to 

u), (f - 1) 
A U) =    

Nowj from equation (20), we can say 

It A u) 
T loSe2 = £r- 

(22) 

or 

„ _ AID2 • 
- 2 loge2 • 

After substitution 

2 2 
AjK. (f - i)z 

“i = "8 loge2 

Note that 

(2 3) 

(2 4) 

ce 
i + 1 

(25) 

Thus as higher frequency time filters are prepared, « must 

be increased in proportion to the square of the frequency 

increase. 

The Q of the filters can easily be related to the (l)^ 

and « of the filters. Note that Q may be defined as 

Q 
U). 

bandwidth 
(26) 
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If the bandwidth is set as before 

r ,x • y 
2 A U) 

where (from equation 23) 

(27) 

then we find that 

Q = U)1 1 (2 8) 
8°c log^2 

Thus if we desire filters with a certain value of Q, we may 

then specify as follows: 

The basic method, then, of performing this analysis will 

be to store a set of time filters -- each filter being con¬ 

sidered composed of both a sine and cosine waveform in 

sampled form -- in the memory of the computer and to convolve 

each with the input signal, which will also be in sampled 

form. Since the filters are shorter than the input waveform, 

they will be convolved with the input at several points in 

time and at each of these points an output value will be 

determined by adding the squares of the results of convolv¬ 

ing both the sine and cosine waveforms with the signal. 

In order that all points of the input signal be given 

equal weight in the analysis, the filters must overlap in 

time so that the overlap occurs where the amplitude of the 

envelope is at least half its maximum value. This means 

(see Figure 11) that we must require at the point of 

(29) 
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-—Spacing of filters in the time domain— 

Input data length - T 

Spacing in time of filter positions - 2Ati 

FIGURE 11 
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overlapping that 

•“A t. 
1 

JL 
2 

This implies that 

At. s . (30) 
1 

The length of the filter waveforms in the time domain 

should be such that the envelope decays to less than one 

percent of the maximum value at each end, so that the 

truncation error will be at least that small. We can deter¬ 

mine this ideal length similarly; merely require at the 

ends of the filter that 

- = (t - t.)2 = 0.01 . 
e I 

This implies that the time length t^ (which corresponds to 

n sample points) should ideally be 

4.2 
t - r— 

f y « (31) 

It is possible to avoid storing a large number of 

filters in the memory by using each filter more than once in 

the following manner. Given a time filter with resonant 

frequency f^, a filter with resonant frequency 2 f^ may be 

obtained by just using every second point of the original 

filter. In the same way filters of higher harmonics of the 

base frequency may be obtained. The limiting factor here is 

that, when only a few of the sample points in the filter 

waveform are being used, there still must be sufficient 

sample points to define the waveform adequately. For each 

succeeding harmonic of the original filter, the filter 

length is halved. 
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Using this method, if we have room in the memory to 

store n filters, we set f (as defined by equation 2 1) so 

tha t 

(32) 

These n filters will be used in succession. Then each will 

be used again at twice their base frequencies, etc. Then, if 

each filter has m usable harmonics, this will provide n:m 

logarithmically equally-spaced intervals in the frequency 

domain at which the power content of the signal is deter¬ 

mined . 

Since it will '.be: very convenient if all of the base 

filter waveforms which are stored in the memory are of the 

same length, it will be necessary to compromise somewhat the 

minimum length required of the filter vectors. The higher 

frequency filters which are stored will have higher values of 

« since their bandwidths will be larger. This means that 

the.time envelope will decay faster. The ideal value of 

t^, about 4.2/ implies that the filter should contain 

between seven and eight cycles of the filter waveform if 

« is chosen according to equation (24), but we will remain 

within the standard medical accuracy required (5%) if we 

require the lowest frequency filter stored in the memory to 

contain about five cycles of the filter waveform. 

To increase the ease and the speed of handling the 

filter outputs, the filters must be normalized so that their 

outputs are independent of any of the system parameters in¬ 

cluding frequency. The power output of each frequency filter 

will be proportional to the square of the integral of the 

filter waveform. To show first that this is independent of 

«, note that, since it is well known that 
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(33) S 
00 

O 

e 
-a 

We easily find that: 

1 i-h ** duu = 2TT (34) 

by setting 

a (35) 

This means that the! area under the amplitude vs. frequency 

curve corresponding to each filter remains constant as « 

is varied. Then if we provide that the filters overlap 

sufficiently in the time domain as they are advanced along 

the input signal in order to insure that the analysis is 

uniformly applied, we will have insured that their outputs 

will be independent of frequency, <=c^ and the filter length. 

To satisfy this we will let 

(36a) 

or by substituting from equation (31) 

A t. » —05 . (36b) 
1 

This satisfies equation (30). 

The actual length of the filter in sample points must 

equal some integral constant times 2?c whe:re:\ n is:, the 

number of harmonics of the filter which will be used. This 

is so that when every 2mth point is used in producing the 

mth harmonic, the filter waveform will still contain an 
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even number of sample points, as required by the analysis 

program. 

Typical values of the above described parameters when 

the system is being used to analyze ten second epochs of 

EEG waveforms are: 

Range of frequencies 

Sampling interval 

Number of filters 

2 to 32 c ps . 

0.01 seconds 

4 (consisting of both sine 

and cosine waveforms) 

Number of frequencies 

where analyzed 

Length of filters (t^) 

Ratio of consecutive 

frequencies (f) 

Bandwidth factor («) 

16 

3.2 seconds (320 points) 

24 (1.189207115) 

1.018962483 

These parameters yield a Q of about 5.3 for the filters. 

By storing a greater number of filters in the memory and 

consequently allowing a smaller ratio of consecutive 

frequencies (f), the Q can be increased. 

The system which was actually designed for use on the 

Rice University Computer is described below. It was de^.‘. 

signed so that the range of parameters available was 

completely flexible (subject to the relationships between 

parameters discussed above) in order to allow any medical 

waveforms to be analyzed. It could also be used to analyze 

similarly any other waveform. 

The system was tested by synthesizing a large group of 

waveforms with known power density spectrums and running 

them through the above analysis. The output was then 

compared with the known spectrum. Within the accuracy 

specified above, the system performed correctly. 
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It may be noted that the system can be used to simulate 

the operation of the Walter Electronic Signal Analyzer. 

However, the systems are different in that this system plots 

power linearly whereas Walter plots amplitude and in the . . 

form of displaying information obtained from the input 

waveform. 
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DESIGN AND CONSTRUCTION OF THE SYSTEM 

The analysis of medical waveforms by this system begins 

when the signal is put into the computer by one of several 

methods. The final result is in the form of movies, en¬ 

larged prints made from the movies, or Polaroid photographs 

of the output graphs and plots -- along with printed in¬ 

formation showing input parameters and numerical results. 

This section will discuss the logical design of the system 

as well as some of the philosophy of the construction. 

The system is designed so that it can read data 

directly from the signal source or from recordings of the 

signal in the form of electrical signals by using the 

ana log-to-digita1 converter recently installed in the 

computer as a part of this project. Although the converter, 

which was designed and constructed by Walter Orvedahl of the 

Rice University Computer Project, has sixteen input channels 

and microsecond sampling speeds, only one channel at sampling 

rates up to 1 kc. may be used automatically by the system 

due to the processing done while sampling is taking place. 

Under sense light control, it is possible to perform the 

analysis after converting or immediately to write the input 

signal on magnetic tape in digital form for later analysis. 

(Digital magnetic tape will be meant when magnetic tape is 

mentioned henceforth.) Data may also be read manually into 

the memory from punched paper tape. 

Normal operation will be in one of three modes: 

(1) Accepting data from the ana log-to-digita1 

converter and writing it on magnetic tape for 

la ter analysis . 

(2) Reading data from magnetic tape and analyzing it. 

(3) Accepting data from the ana log-to-digita 1 

converter and analyzing it. 

The basic philosophy of construction was to set up the 
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system so that all control could be exercised by turning 

various sense lights on or off. (Since the printing sub¬ 

routines use the sense lights to transfer information from 

one subroutine to another, sense light settings should be 

changed on ly when the machine is at a halt. Certain 

exceptions are noted below.) When running in mode (2) 

normally all sense lights are off. If, for example, it is 

desired to take Polaroid pictures of the results displayed 

on the cathode ray tube output instead of taking pictures 

with the movie camera, sense lights 7 and 8 would be turned 

on. This would cause the computer to halt before plotting 

so that the scope camera could be positioned and the shutter 

opened, and would suppress the taking of pictures by the 

movie camera. It would also cause the plot coordinates to 

be horizontally inverted so that the display would appear 

properly on the photo even though the camera reverses the 

actual picture. Detailed operational instructions are given 

in the next section. 

Sense Light Options 

Sense 
Light On 

1 Return to parameter input 
program (PARAIN) after 
finishing present analysis. 

2 Accept data from A-to-D 
converter and immediately 
perform analysis (mode 3). 

Off 

Continue analyzing data 
in present mode, advancing 
run number after each 
ana lysis. 

Do not operate in mode 3. 

3 Do not operate in mode 2. Read data from magnetic 
tape and immediately 
perform analysis (mode 2). 
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Sense ..fli.: On Off 
Light 

4 Print graph of input wave- Do not print graph, 
form on line printer before 
performing the analysis. Use 
the strip chart recorder 
instead of printer if 
Indicator Light 5 is on. 

5 Display output in the form 
of a series of graphs show¬ 
ing variation of power at 
each frequency of analysis 
as a function of time. 

6 Do not display bar graph. 

7 Do not take movies. 

8 Take Bolaroid picture of 
each plot. 

9 After main halt in PARAIN, 
halt again with a "V" dis¬ 
played in the U register. 
An integer typed into the 
U register will be after¬ 
wards used as the maximum 
scale value for the density 
plots controlled by Sense 
Light 5. 

10 Accept data from the A-to- 
D converter and write on 
magnetic tape for future 
analysis (mode 1). To 
exit from this mode; turn 
Sense Light 10 off at any 
time . 

11 Use the reciprocal of the 
integer typed into U reg¬ 
ister under control of 
Sense Light 9 for the maxi:- : 
mum scale value for the 
density plots. 

Display output in the form 
of a density plot showing 
the results of each filter¬ 
ing at all frequencies of 
ana lysis. 

Display bar graph showing 
the sum of the outputs of 
all the filters at each 
frequency after the dis7„ 
play selected by Sense 
Light 5. 

Take picture of each plot 
with movie camera. 

Do not take Bolaroid 
pic tures. 

Do not halt for V max 
entry. 

Do not operate in mode 1. 

Do not use the reciprocal 
of (U) for V v 7 max 
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On Off S ense 
Light 

not generate new Generate new filters from 
ters, the parameters stored in 

memory before entering the 
main control program 
(MAINLP) . 

eked on) Initialize Do initialize tape storage 
a storage on magnetic 
e . 

er sense lights are not used by the operator; however 

e used by various subroutines for transfer of in- 

on to other subroutines. 

e system was programmed in the form of several sub- 

s with distinct functions. These subroutines are 

d controlled by the main control program (MAINLP) 

s always entered from the parameter initialization 

(PARAIN). All programs and subroutines are con- 

on the system tape which may also be used for tempor- 

rage of data. This tape must be used on the tape 

rt which is designated as unit 2. Input data may be 

rily stored on the other tape units by specifying 

which one on the parameter input paper tape. 

All programs, subroutines, and data blocks are re¬ 

latively stored in the computer memory with their codewords 

in fixed locations so that they may always be located by 

other programs and subroutines. All such relatively stored 

blocks are in standard form to be operated on by the SPIREL 

monitor system which must also be stored in the memory. 

Programs and subroutines of the system and their codeword 

addresses are: 

PARAIN (*200) - parameter input and initialization program; 

controls access to the main control program. 

MAINLP (*201) - main control program, controls operation 

and sequencing of the system. 

DATAIN (*202) - controls reading of data from magnetic tape. 

12 Do 
fil 

13 (lo 
da t 
ta p 

The oth 

they ar 

forma ti 

Th 

routine 

used an 

which i 

program 

tained 

ary sto 

trans po 

tempo ra 
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EXP (*203) - exponentiation subroutine. 

TIMPLT (*204) - subroutine used to plot power vs. time at each 

frequency; used if Sense Light 5 is on. 

CWDSEQ (*205) - control word sequence used by SPIREL monitor 

system when the system programs and subroutines are 

being read from magnetic tape. 

ANALYZ (*206) - analysis program; performs analysis and 

controls time plots. 

CALFIL (*207) - generates the matrix of filters. 

FWS (*213) - Fourier waveform synthesis subroutine used 

in the generation of the filters. 

REORG (*214) - used to cause a reorganization of memory 

storage under control of the STEX memory allocation 

subroutine, 

CALPLT (*216) - generates plotting control matrix. 

PAPRNT (*217) - prints input parameters under control of 

PARAIN and output results under control of MAINLP. 

FIGDIS (*220) - used to write numbers on output scope. 

CWACHG (*221) - used to change codeword addresses of 

relatively stored blocks in memory. 

FLOVP (*222) - plots input data on line printer. 

FLOVC (*224) - plots input data on the strip chart recorder 

SINCOS (*230) - sine and cosine-subroutine.' 

WRTMT (*231) - controls writing of data on magnetic tape. 

SCOPLT (*232) - used by ANALYZ to plot density plot on scope 

used if Sense Light 5 is off. 

BARPLT (*233) - used by MAINLP to display bar graph of power 

present at each frequency over the entire data epoch if 

Sense Light 6 is off. 

READ (*253) - used by PARAIN to read decimal parameters 

from paper tape. 

CONVRT (*254) - controls ana log-to-digita1 conversion of the 

input signal. 

INITL (*257) - used to initialize magnetic tape data 

s torage. 
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MTS LCT (*2 6 3) - used to change all magnetic tape orders and 

appropriate indicator light settings in the system when 

the designated tape unit (for temporary data storage) 

is changed, 

DESIG (*265) - used by MTSLCT to scan designated programs 

for magnetic tape orders and change those orders to 

correspond to the specified tape unit. 

FLIP'S TP (*2 70) - used by printing subroutines to set up 

floating point numbers in the print matrix. 

MLTPRN (*271) - used by printing subroutines to set up 

alphabetic characters in the print matrix. 

SYS CKS (*2 73) - system check sum program; executed by CWDSEQ 

after coming off magnetic tape. 

SETUPM (*274) - used by printing subroutines to set up 

characters in the print matrix, print, and clear the 

print matrix. 

SYSDMP (*277) - system dump program; when manually executed 

will execute system check sum program, halt, and upon 

continuing will punch entire system on paper tape; 

finally readying the computer to check the tape by 

reading it. 

Programs with underscored names were written by the 

author as a part of this project. 

In addition to the above programs, the memory must 

contain a S.PIREL monitor system with at least the following 

standard subroutines: 110, 111, 116, 125, 126, 127, 132, 

133, 135, 136, 137, 140, 144, 145, 146, 152, 153, 154, 155, 

156, 157. Relatively stored vectors and matrices of the 

sys tern are: 

DATA (*250) - input data vector; must have null word at 

the end with a tag 2; set up by DATAIN or CONVRT; 

B 1 mod. 

PLTMAT (*251) - plotting control matrix; set up by CALPLT; 

PF, B3 mod. 

(1) horizontal graph coefficients 
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(2) bar graph coefficients 

(3) actual frequency of each filter. 

FILMAT (*252) - filter matrix containing two waveforms 

for each base frequency (sin, cos) each having a null 

word at the end with a tag 1; set up by CALFIL; Bl, 

B2 mod. 

WRKPAD (*260) - used for temporary storage blocks. 

MTLIST (*261) - vectors containing information used by 

MTSLCT to designate tape units; Bl, B2 mod. 

CKVECS (*272) - vectors containing information used by the 

SYSCKS program. 

DMPMAT (*276) - vectors used by SYSDMP* 

Other storage locations used by the system are: 

210 - floating point one (ONE) 

2 11 - floating point two (TWO) 

2 15 - floating point 2^ (TW047)' 

22 3 - floating point zero (MZEXP) 

225 - fixed point one (WUN) 

226 - fixed point 1/64 (SIXT4) 

227 - fixed point 1/2 (HALF) 

234 - lowest frequency of analysis (FINITL) 

235 - printer page line count (LYNCNT) 

236 - run number (RUNUMB) 

237 - density plot vertical scale value (VMAX) 

240 - bar graph vertical scale value (BARMAX) 

241 - time length of input data waveform(TMAX) 

242 - time interval between data and 

243 

2 44 

245 

246 

filter points 

number of filter waveforms used 

number of frequencies of analysis 

length of filters 

ratio.-of consecutive analysis 

f requencie s 

(DELTAT) 

(FILN.UM) 

(FNUMBR) 

(FILENG) 

(FACTOR) 
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2 47 - bandwidth constant for filters (ALPHA) 

262 tape unit being used for 

temporary da ta s torage (TAPE) 
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OPERATION AND FEATURES OF THE SYSTEM 

This section will discuss those features of the system 

which must be known by its user, such as criteria for 

selection of input parameters and actual console operation. 

Additional information such as detailed writeups of 

individual programs and actual program codes may be found 

in the system notebook. 

Setting up parameters. To analyze medical waveforms of 

length T seconds at frequencies from f^ to f^ cycles per 

i' i-1 
second in frequency steps such that the ratio f_./f. „ is 

equal to a. , f , set system parameters as follows: 

FINITL: 

TMAX: 

f^ (floating point) 

T (floating point) 

DELTAT: ^l/4f ; must be an integral number of 
n 

milliseconds. (floating point) 

FILNUM: 2 times the number of base frequencies; 

should be set according to memory avail¬ 

ability as discussed below; but approximately 

iogfrrj- <integer) 

FNUMBR: The number of base frequencies times the 

integer just larger than log2(fn/f^). 

FILENG: The number of points in filter vector; must 

be some integral constant times 2m~^ where 

m is the integer just larger than the number 

of base frequencies divided by n; must be 

less than (TMAX/DELTAT) but larger than 

(5/(DELTAT x f^)). (integer) 

FACTOR: The kth root of 2 which is approximately 

equal to f^. Notice that k must equal the 

number of base frequencies. This will be 

influenced by memory availability. (floating 

point) 
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ALPHA: (2nf x (FACTOR - 1) )2 / (8 logQ 2). (floating 

point) 

Input of Parameters. Parameters may be specified for use 

by the system by typing them on punched paper tape. The 

format to be used in preparing the tape on the Flexowriter 

is as follows: 

(CR) 

vmax= . (CR) 

f ini 11= . (CR) 

tmax= . (CR) 

de lta t=_. (CR) 

f i lnum= (CR) 

fnumbr= (CR) 

f i leng= (CR) 

factors . (CR) 

a lpha=_. (CR) 

runumb= (CR) 

tape=_(CR) 

Notice that all characters are in lower case; no case punches 

may appear on the tape. It must begin and end with a car¬ 

riage re turn (CR) and a carriage return mus t immedia tely 

f o How each number . Any of the above parame ters may be 

omitted from the list and they may be in any order, but the 

names mus t be typed exac tly as shown above and must be 

immediately followed by an equa1 sign. Floating point 

numbers mus t include a decima1 point and integers mus t not. 

Parameters which are not included on the tape will remain 

unchanged. 

Memory space. When the full system is in the 8196 word 

memory, there are about 3800 words of memory avallable for 

use by the input signal and the filters. The length of the 

input data waveform, the length of the filters, and the .. . 

number of "filtersmus t be.'ad jus ted. .cor res ponding ly ... The 1. ..c..: •• 
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following relationship must hold approximately: 

3800>((TMAX/DELTAT)+(FILENG)(FILNUM)) 

Program details . 

PARAIN. Upon execution, the program will check all input 

parameters for unacceptable values. Where unacceptable 

values are found, it will automatically set the parameters 

to the following values: 

VMAX: 1.0 

FINITL: 2.0 

TMAX: 10.0 

DELTAT: 0.01 

FILNUM: 8 

FNUMBR: 16 

FILENG: 256 i i 
FACTOR: 1.189207155 (2 

ALPHA: 1.018962983 

TAPE : 2 

It will then halt with an "R" displayed in the U register. 

An input parameter punched - paper tape may be inserted in 

the reader. If an integer is typed into the low-order end 

of U, this number will specify the run number of the next 

waveform to be handled by the system. This number will be 

displayed on plots and print-outs. Otherwise, the run 

number will remain unchanged. If the next instruction is 

fetched and executed from field 0, the program will transfer 

to the SPIREL entry point at loctaion 23. If, instead, the 

"continue" button is pushed, the parameter input paper tape 

will be read and the system will proceed to operate in the 

mode specified by the sense light settings. If the tape 

unit designated for temporary storage of data has been 

changed by the input tape, the system checksum program will 

be executed since the system will have been changed. If the 

specified mode of operation involves reading or writing data 

on the magnetic tape, search for the proper block on the 
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magnetic tape will begin immediately while the proper 

filters are being generated. After filter generation and 

tape search are completed, this program will exit to the 

main control program. Before filter generation, values of 

all input parameters will be printed. 

If Sense Light 9 is on at the time of continuing from 

the "R" halt, another halt will immediately occur with a "V" 

displayed in the U register. If an integer is typed into U, 

its floating point equivalent will be stored at VMAX for use 

in scaling the density-time plots. If Sense Light 11 is 

also on, the reciprocal of the number typed into U will be 

used ins tead. 

If Sense Light 13 is locked on at the time of the MR" 

Halt, data storage on magnetic tape will be initialized .using 

INITL. The system will then return to the nRn Halt. 

If Sense Light 7 is off, the film in the movie camera 

will be advanced about 10 frames to insure that an unfogged 

frame is being exposed, 

MAINLP. The main control program will decide upon the mode 

of operation in the order and with the priority shown. 

(JL) If Sense Light 10 is on, it will enter a cycle of op¬ 

erations consisting of reading the specified length of data 

from the ana log-to-digita1 converter and writing it on tape 

albjn-g with data concerning the length and sampling interval 

of the waveform. Each separate waveform block will be 

identified on the tape by its run number. Each consecutive 

block of input data will have a consecutive run number be¬ 

ginning with the run number specified at the ,fRM Halt. To 

exit from this cycle and return to PARAIN, turn off Sense 

Light 10 at any time. Since the machine may react very 

quickly, the light should be turned off with a deft flick of 

the finger tip. A halt will occur each time just before 

beginning the A-to-D conversion. This halt may be by-passed 

by locking the "continue" switch down, but it should be 

-49- 



unlocked before Sense Light 10 is turned off. IINotice that 

no analysis is performed when operating in this mode. 

(2) If Sense Light 3 is off, the computer will search for 

the block of data on magnetic tape which has been specified 

by the current run number. Upon finding it, the data will 

be read into the memory and the system will proceed to the 

anaii^sis.j ppooedurres . Iftheoda ta lehg theoresampling Lin terva 1 

afmfche data .readyftom tape is different,from that of the 

filters stored in the memory, the system will return to 

PARAIN to generate new filters. Merely continue from the 

"R" Halt and new filters will automatically be generated; 

and the data will be re-read from tape and then analyzed. 

If for some reason the proper data block can not be success¬ 

fully read from magnetic tape after several automatic tries, 

a message to that effect will be printed, the run number 

incremented, and the next data block read from tape for 

analysis, 

(3) If Sense Light 2 is on, the system will read the input 

data as specified by the input parameters from the A-to-D 

converter and proceed to the analysis procedure. ( " 

(Ana lysis;procedure) If Sense Light 4 is on, plot of the 

input waveform will be made before analysis. If Indicator 

Light 5 is on, it will be on the strip chart recorder; if 

off it will be on the printer. Then the system will transfer 

to the program which does the analysis. That program 

(ANALYZ) will control plotting of density pdots and the 

shutter of the movie camera depending on the setting of 

Sense Light 7. Upon return to the main control program, if 

Sense Light 6 is off, the system will transfer to BARPLT to 

plot a bar graph of the power spectrum. If Sense Light 8 is 

on, a halt will occur to allow positioning the camera before 

plotting the bar graph. Then output values will be printed 

on the line printer and the run number incremented. If 

Sense Light 1 is off, the computer will halt and begin the 
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cycle again upon continuing. At this halt, the next run 

number will be shown in "U". It may be changed by typing a 

new number into "U"• (Exit to PARAIN may be made from this 

halt by fetching and executing at Field 0.) If Sense Light 1 

is on, the system will exit to PARAIN after advancing the 

movie film about 10 frames if Sense Light 7 is off. 

DATAIN. Searches for and reads proper block from magnetic 

tape. A check is made to insure that the length and sampling 

interval of the block read from tape is identical to the 

parameters stored in memory. If not, Sense Light 13 is turn¬ 

ed on. This will cause MAINLP to exit to PARAIN before per¬ 

forming the analysis. If the data can not be successfully 

read from tape, exit is made with PF equal to 77777 which 

will signal MAINLP to act accordingly. If the proper block 

can not be found, manual intervention at the console is re¬ 

quired to end the search. This is done by deftly flicking 

the repeat mode light off -- which will cause an error 

message to be printed after which a direct exit will be 

made to PARAIN. 

TIMPLT. Used by ANALYZ to plot power as a function of time 

at each frequency of analysis. Refers to Sense Light 15 in 

order to plot axes and identification on scope at end of 

each frequency analysis. If Sense Light 7 is off, it will 

automatically advance the film. 

ANALYZ. Main analysis program. The analysis is performed 

by a tight loop of instructions stored in the fast registers. 

In order to achieve greater speed, no tests are included in 

the loop. Exit is caused by trapping out of the loop on the 

tagged words at the end of each filter and the input data 

vector, (Consequently, the trap switch must be locked down 

while running.) Plotting subroutines are automatically 

assigned by this program depending on the status of Sense 

Light 5. Sense Lights 13, 14, 15 are used to inform periph¬ 

eral subroutines of the status of the analysis. 
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CALFIL. Used for automatic generation of the filter vectors. 

This subroutine may be used independently of the system to 

plot on the printer or punch copies of the filters by man¬ 

ually executing it. If Sense Light 1 is on upon execution, 

a copy of the filters will be punched on paper tape as !■ .. 

matrix *252. If Sense Light 2 is on, a printer plot of all 

filters in the matrix will also be made. 

FWS. Fourier waveform synthesis program which may also be 

independently used to synthesize any waveform whose frequen¬ 

cy spectrum is discreet and known. For information on the 

form required of input data, see the system notebook. 

REORG. Execution of this subroutine causes a reorganization 

of memory space allocation so that all available free space 

will be formed into one block. 

CALPLT. Generates the plotting control matrix. The plotting 

matrix may be independently punched or printed in the same 

manner as the filter matrix by independently executing this 

subroutine. The same sense light options apply. 

WRTMT. This subroutine is used to write input data in blocks 

on magnetic tape in such form that they can be found and 

automatically read back into memory by DATAIN. After writing 

a block on tape, it will be read back in and checked against 

the original copy. If the block can not be successfully 

written at a location on magnetic tape, the program will 

write a section of markers on the tape identifying the bad 

block and then attempt to write the block farther down the 

tape. The last word of the data block being written must 

have a tag 2, and parameters correctly describing the block 

must be stored in the appropriate locations. Data vectors 

read from the converter will automatically satisfy this * 

condition. 

S COPLT. Used by ANALYZ to plot the density plot if Sense 

Light 5 is off. The horizontal coordinates will be reversed 

if Sense Light 8 is on; 
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BARPLT. This subroutine is used by the main control program 

to plot a bar graph showing the frequency spectrum of the 

entire input waveform. The horizontal coordinate will be 

reversed if Sense Light 8 is on. The vertical scales will 

automatically be determined by the largest value to be 

plotted. 

READ. This subroutine is used by PARAIN to read decimal 

input parameters from punched paper tape. 

CONVRT. This subroutine is used by MAINLP to control 

conversion of analog data to digital form for analysis by 

the system. It sets up and forms input data vector 250 

(DATA) . 

INITL. When executed either by PARAIN or manually from the 

console, this program will initialize the data storage part 

of the system tape, freeing space previously used for data 

storage, if any. 

MTS LCT. This subroutine will change all magnetic -tape orders 

in the programs specified by the first vector of MTLIST so 

that they correspond to the tape unit designated by TAPE. 

It will also change all orders specified by the second 

vector of MTLIST so that they will apply to the indicator 

light affected by search orders on that unit. 

DESIG. This subroutine is used by MTSLCT to scan specified 

programs for magnetic tape orders and change them so that 

they will apply the designated tape unit. 

Programs which were written as a part of this project 

and have now been placed in the permanent subroutine library 

of the Rice University Computer Project are FWS (*213), 

REORG (*2 14), CWACHG (*22 1), FLOVP (*222), FLOVC (*224), 

and OESIG (*265). For information on other programs and 

subroutines contained in the system, the system notebook 

should be consulted. 

In summary, to operate the system, the system tape is 

first loaded on the magnetic tape transport designated as 

-5 3- 



unit 2. Block 11.02 is then read into memory in the 

standard manner. As the system comes off tape, a control 

word sequence will be automatically executed which causes 

the status of the system to be thoroughly checked, memory 

to be reorganized so that a single block of all available 

memory remains, and the system to be put into operation by 

executing PARAIN. After that the system operation is as 

described above and mainly consists of setting the proper 

sense lights and pushing the "continue” button. 

•k k k k k k tie * 

The calculations described in this report were 

performed on the Rice University Computer. The construc¬ 

tion, operation, and further development of this computer 

was supported by the United States Atomic Energy Commission, 

The National Science Foundation, and the Shell Development 

Corporation . 
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