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SUMMARY 

The majority of acoustic measurement criteria are derived from the 

integral of the squared sound pressure. This work shows the development of 

an instrument capable of measuring any of the Integral Square (IS) criteria 

l.n acoustic scale models of rooms using an impulse sound source. 

The variety of measurements is made possible through the use of a 

computer-based instrument. The microphone signal is filtered and then 

digitised. All further signal processing is done digitally in the 

computer. The results are either displayed numerically or plotted directly 

on an X-Y plotter. 

The instrument uses logarithmic quantisation of the signal and an 

algorithm developed by Hanrahan (103-105) which greatly simplifies the IS 

calculations to a process of table look-up and summation. 

The decay curves are calculated using Schro~ders Method (27). 

This study shows the design and testing of the logarithmic converter 

having 54dB dynamic range and 3dB quantising intervals and interfaced to a 

NOVA 1200 minicomputer. The software to calculate RT, EDT and IRT was 

developed and tested on a 1/8th scale model of a reverberation room with 

known characteristics. 
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1. ACOUSTIC MODELLING OF ROOM ACOUSTICS 

1. 1 Background and Statement of Problem 

A technique developed by Hanrahan (103-105) enables a variety of acoustic 

measurements based on the integral of the squared sound pressure to be made 

with the same computer-based instrument. This instrument has been used at 

frequencies up to 20kHz in full size room studies. With'a modern trend 1n 

acoustic design being the use of scale models it was felt that this 

technique could be extended to provide a very useful instrument for 
• 

acoustic measurements of scale models of rooms. This study sets out to 

analyse the need for such an instrument, then from this a specification 1S 

drawn up. The later chapters present the design and testing of this 

instrument. 

In order to provide the specifications for an instrument system for 

scale model work, the theory of acoustic scale models is introducted. A 

review of current work in the scale modelling field is then presented with 

the emphasis on the techniques employed and the measurement criteria used. 

Section 1.4 analyses the various criteria currently in use and finds a 

large portion which are based on the integral of the squared sound 

pressure. 

The following section reV1ews a new method for measuring the reverberation 

decay due to Schroeder (24). 

The chapter concludes with the requirements of an instrument which 

would be capable of making a variety of measurements on acoustic scale 

models of rooms. This was then used as a basis for the design of a 

suitable computer-based instrument. 

1.2 Introduction to Acoustic Modelling 

1.2.1 Basic Princiyles 

Acoustic modelling is a technique used to study or predict the behaviour of 

a full size room by examining the acoustics of a scaled down version of the 

same room. The technique is often used as a design tool in the process of 

designing auditoria as it enables the designer to get a fairly accurate 

assessment of the acoustics of the auditorium before it is built. The 

acoustic model can also often serve as an architect's model. Modelling can 

also be used to study the effects of various modifications to a room 1n 

order to choose the best, before building work commences. 
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The modelling process consists of scaling down the linear dimension of . 
the model by a scale factor k say (k I) producing a Ilk model. Using 

dashed quantities and undashed quantities for the full size room glves 

1 = k1' 

where 1 is the linear dimension of the full sized room 

and l' is the linear dimension of the model. 

- (1.2.1) 

In order to preserve the wave acoustic behaviour of the model the 

wavelength must be scaled similarly glv1ng 

A=k).' - (1.2.2) 

Since the speed of sound 1n air 1S constant 1.e. c = c' the frequencies 

will also be scaled 
1 , 

'1=-)1 
k 

- (1.2.3) 

Also all times will be shorter by a factor k (delay times, reverberation 

times etc) giving 

t = kt' - (1.2.4) 

The decay of sound in a room can be shown to obey the following 

equation (47) 

E(t) = Eo exp [ - me + n10ge (1 - cx.)] t - (1.2.5) 

where m attenuation constant of air 

n = average no. of wall reflections 

per second 

E(t) is the sound energy in the room. 

is the initial energy at the time t 

off. 

o when the sound 1S switched 

~ is the average absorption coefficient of the surfaces 1n the room. 

Scaling the decay process therefore yields 

exp [ - me + n loge (1 - ~)] t = exp [ - m' c' + n' loge (1 - IX.')] t' - (1.2.6) 

From the above relations and Slnce n = (l/k)n', the frequency dependence 

of the absorptions can only be preserved if 

<X = 0<,' - (1.2.7) 

and 
1 

m = - m' 
k 

- (1.2.8) 

The required relationship (or forced as the case may be) between the 

full size room and the scale model is summarised in the table below. 



Quantity 

Length 

Wavelength 

Frequency 

Speed of sound 

Time 

Surface absorption 

Air absorption 

- 3 .-

Unit 

m 

m 

s 

ms 

s 

m 

m 

• 

l{elationship 

1 = kl' 

A= kA' 

-y = (l/k)-y' 

c = c' 

t kt' 

tX = C\,' 

m=(1/k)m' 

Table I. I Relatjonship of physical quantities required in a I/k scale 

acoustic model in air with dashed quantities being those 

of the scale model 

1.2.2 ~odelling in Practice 

In order to conduct modelling tests a model must be built which conforms to 

the rules laid down in Table 1.1. Scaling the dimensions of the room 

present little problem. In general wood can be used to model the walls of 

the room. Since the model 1S normally not used for sound transmission 

tests it is only necessary to model the sound reflection properties so the 

surface of the wood can be treated with a substance which has the same 

absorption coefficient at the scaled frequency as the full size equivalent 

at normal frequencies. Various substances have been tested and tables of 

values have been drawn up (4). 

Wavelength and frequency scaling 1S essentially the same problem and 

affects almost the whole measurement chain. Starting at the sound source 

although some authors have produced adequate sound sources for continuous 

output, the problem of the directivity of loudspeakers at high frequencies 

has caused impulsive sound sources to be mostly used. So far nobody has 

been able to produce a loudspeaker source with enough omnidirectionality to 

produce good fidelity and small enough to be used in acoustic scale 

models (4). In this experiment an electrical spark source was used which 

is small and has an omnidirectional output and a frequency response 

extending well above 100kHz. 

Although the B + K 4138 eighth inch microphone gives a frequency 

response wi thin 2dB up to 140khz and B + K !+ 135 quar ter inch only up to 

100kHz, this is at the expense of a l2dB difference in sensitivity. This 

means that an extra 12dB is required from the sound source for the same 

response. In a 10:1 scale model a maximum frequency of 100kHz is acceptable 

being the equivalent of 10kHz in a full size room. For this reason a 

1/4 inch microphone is preferred and was used. 
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Controlling the surface absorption can be done by choosing var10US 

surface treatments for the mod,~l which correspond to the real surface but 

in general the medium that the experiment is conducted in is air and the 

absorption of air at scaled frequencies is greater than it should be for 

modelling. The absorption of sound increases with the square of the 

frequency making the effect much more pronounced at higher frequencies. 

The increased air absorption 1S mainly due to water molecules and can 

be reduced by drying the air. This is a costly and time consuming process 

and is therefore not often used. Another method is to replace the medium 

with nitrogen ,"hich does not exhibit the same problems as a1r and a further 

method which can only be used in objective measurements is to calculate the 

extra effect of the air absorption and subtract it in the calculations. 

This method requires that the temperature and relative humidity be measured 

so that the air absorption can be calculated. This method was used and is 

discussed in detail in section 5.5. 

It can be seen that acoustic modelling uS1ng impulsive sound sources is 

relatively easy to accomplish. A number of different acoustic criteria are 

in use which are based on IS measurements so that a multi-purpose instrument 

capable of a variety of measurements from an impulse sound source would be 

very useful in model work. That is what this work set out to provide. The 

next section provides a review of the various techniques 1n use in scale 

modelling to establish the current trends in this branch of acoustics. 

1.3 Review ~i\_~,?_u~ti~ Modelling for Room Acoustics. 

Modelling techniques in room acoustics have been in use since the beginning 

of the century. Ripple tank methods and spark photography were used as 

early as 1913 by Sabine. The first use of a three-dimensional acoustic 

scale model was by Spandock (1,2) 1n 1934. In this experiment he used 

models of three rooms scaled down by a factor of 5 and using frequencies of 

2500Hz and 4000Hz corresponding to frequencies of 500 and 800Hz respectively. 

This work has been extended by Brebuck (3) and Spandock (5) to a scale of 

1:10 by using the speeded up tape method. In this method the normal 

frequency sound is recorded on magnetic tape and then played at ten times 

normal speed into the model. The sound picked up by the microphone 1S 

recorded at the ten times speed and then played back at normal speed for 
• 

analysis. This method, also used by Harwood and Burd (4) is the only 

method used when subjective evaluation is required. In this case the 

excessive air absorption must be minimised and not merely compensated for 

in the calculations. In order to do so it is necessary to dry the air to 
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between 1,5 and 3% relative humidity. Harwood and Burd achieved this using 

synthetic zeolite and ~nclosin~ the model in a polythene tent with a 
, 

refrigerating dehumidifier. The high cost of this method makes it 

prohibitive to most. In 1974 Ishli & Tachibana (6) reported the use of 

nitrogen 1n a scale model to get around the air absorption problem. 

Nitrogen has a classical air absorption very similar to that of air and a 

molecular absorption which is nearly zero and does not depend on humidity 

or temperature. They found that the acceptable limit of remaining air was 

about 3%, but the limits of acceptability were not stated. 

Due to the directivity of loudspeakers at hig1; frequencies the majority 

of authors have favoured the use of impulsive sound sources, and use 

criteria such as reverberation time (RT), early decay time (EDT) and 

steepness in their measurements. In these experiments air absorption 1S 

normally compensated for rather than corrected. Hegvold (7) used pistol 

shots from a starting pistol to develop a 1/8th scale model auditor using a 

model of a reverberation room. The sound was recorded on a tape recorder 

and played back in reverse to avoid overshoot on the chart recorder. 

A more common sound source is the electric spark gap. This was used as 

early as 1962 by Lochner & Burger (8,9) in scale model tests of a 1/16 

scale model auditorium. An acoustic criterion developed by Lochner & 

Burger showed good agreement between the model and the auditorium. AI 1S 

an index which uses a ratio of early and total energy (discussed in 

section (1.4). Watters (20) describes in detail a suitable spark source 

for use in models. 

Two general studies of room acoustics are interesting because they 

illustrate the use of scale models in general research (as opposed to 

design). Nelson and Koopman (14) used models to study the effect of v-form 

ceilings 1n office landscaping. Haking changes in the model considerably 

easier than the same changes in the full size case. Gerlach (15) used a 

model to study the reverberation process as a Markoff chain. He wished to 

study a room with dimensions 1:2:4 and used a model because the appropriate 

proportioned room was not available. The model was excited with an 

electric spark source and the results recorded on a tape recorder at 

60 inches per second. The tape was played back at a sixteenth of the speed 

and analysed digitally using a computer and Schroeder's method (see 

section 1.5). A decay signal to noise ratio of 35dB was obtained. The 

model was flushed with nitrogen to lessen air absorption. 

Model studies relating to the design of auditoria have 1n recent times 

given rise to a number of new criteria relating to the energy decay. These 
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will be introduced here prior to a reV1ew of the use by var10US authors: 

i) Initial Reverberation Time (IRT). This was used by Atal, 

Schroeder, and Sessler (26) in a study of the subjective 

assessment of sound decay. The initial criterion used was 

expressed as the slope of the reverberation curve over the first 

160 milliseconds of the decay. This criterion T160 gave. a good 

sUbjective correlation between simulated exponential and non­

exponential decays. In the same study this criterion was found 

impractical 1n use in real concert halls and so a criterion T15 

was used which was based on the first l5dB of the decay process. 

Thus the T160 criterion would be used for non-exponential decays 

and the TIS for exponential or straight-line decays. 

ii) The IRT criterion was modified by Jordan to the slope over the 

first 10dB of the decay process and renamed the Early Decay Time 

or EDT. 

iii) 'Deutlichkeit' proposed by Thiele (29) was defined as the ratio 

of the energy of the first 50 milliseconds of a sound pulse to 

the total energy and measured as a percentage figure (see section 

1.3.2 for definition). 

iv) Steepness was introduced by Jordan and 1S defined as 

()(-os) = \ d/dt 00 log [1(_5) IIJ)I - (1.4.1) 

where 10 is the stationary intensity of a n01se pulse 

and I(-s) is the intensity at a level 5dB below 10 on the 

rise of the pulse. 

This criterion can be correlated with the first 5dB of the decay 

process as Schroeder (27) has shown the complimentarity of sound 

build-up and decay. 

v) Inversion Index was created by Jordan as the ratio of the average 

steepness in the sta~e area to the average steepness in the 

audience area because it was felt that values of steepness ought 

to be greater closer to the sound source. 

The criteria i) to iv) are illustrated on the diagram figure 1.2.1. Note 

that for an ideal exponential decay all of the criteria would correlate 

exactly with each other. 
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Figure 1.2. I Portions of decay curve used for 
EDT, IRT and steepness calcuiatIons 

The model studies of the Sydney Opera House by Jordan (16) are interesting 

because two designs were tested and neither, due to the complex surfaces, 

would have been amenable to analytical determination of the criteria 

concerned. Jordan used reverberation time, early decay time (EDT) as well 

as a criterion that he developed called Inversion Index. This criterion is 

a spatial type measurement which relates the EDT in audience area to that 

in the stage area of the auditorium (section 1.4). Jordan (17) also tested 

a model of the Metropolitan Opera House, Lincoln Center, and the results 

show good agreement with the finished hall. The main criteria used in this 

test were steepness and EDT and were measured using Schroeder's teehnique 

(see section 1.5). 

Vencklasen (I]) used the results of model tests of acoustically coupled 

chambers to design the Saratoga Pavilion. He used a model of a reverberation 

chamber with a division and an opening connecting the two chambers 

simulating the stage with stage volume and auditorium volume. Thus the 

effect of the coupling of the two volumes on the reverberation time could 

be measured with relative ease by varying the coupling opening and the 

relative volumes. The finished hall, also designed using a 1/48 model and 

a spark source, has a reverberation time between 1,7 seconds and 2,5 

seconds as the coupling between stage and audience is varied. 

Jordan (17), in a study of various acoustic criteria in use ~n model 

studies and in a later study on recent developments in auditorium acoustics (19) 
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comments on the number of various criteria under development. All of these 

criteria can be derived from the integrated impulse response (integral of 

squared sound pressure) and so it would be an advantage to be able to 

determine any of these related criteria 1n model studies and even to do 

comparative studies. This can be done if the integral is evaluated in a 

computer and stored, the main advantage being the ease with which different 

criteria can be studied and new criteria can be accommodated. It should be 

noted that as the subjective correlation of the various objective criteria 

is understood these criteria become increasingly used in preference to 

subjective measurements. 

A few conclusions can be drawn from this review: 

1) Model studies are used in two main areas of room acoustics: 

2) 

a) the study of the variation of room geometry; 

b) the design of auditoria. 

Most experimenters use scale models with scale factors of the order of 

1 : 10 and use an electric spark impulse sound source as excitation and 

record the response on a high speed tape which is replayed at normal 

speed for analysis. 

3) Air absorption is important and must be corrected by drying the air or 

using a nitrogen atmosphere. Alternately air absorption may be 

calculated and compensated for in the calculations. 

4) A large number of criteria are currently in use and flexibility in 

measuring these is desirable, particularly since new criteria are 

being developed and standards have not been set for their measurement. 

1.4 Acoustic Criteria in Room Acoustics 

As pointed out previously the design of modern auditoria is complex and so 

modelling is frequently used. In addition, it has been found that 

reverberation time is not a sufficient enough criterion to be used on its 

own and so various other criteria have been and still are being developed. 

A great deal of effort is still also being put into the development of 

a single criterion by which ro~m acoustics may be evaluated. However it is 

becoming increasingly clear that a number of criteria will always be 

required. Some authors have speculated that the number of independent 

dimensions is at least four. However the situation is in a state of flux 

and the present day designer should be capable of doing any of a number of 

measurements in the model. Using digital methods and a computer gives the 

designer this flexibility to evaluate a variety of criteria - even with a 
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single measurement and the abi-;tity to evaluate new criteria as they are 

developed. 

A description follows of a number of criteria currently in use. As a 

number of criteria are similar and even related - they can be grouped into 

three categories 

a) Reverberation type measurements - measurements which relate to 

the decay curve directly. 

b) Energy measurements - criteria which relate early energy to late 

or total energy including articulation criteria. 

c) Spatial measurements - criteria which relate to the directionality 

of the sound. 

1.4.1 Reverberation type measurements 

Reverberation time remains the single most-used criterion 1n archi tectur'al 

acoustics. By using the method developed by Schroeder (24) it is possible 

to obtain a more accurate idea of the decay curve because an ensemble 

average of decay curves are obtained in a single measurement. As a result 

of having a more accurate decay curve it was possible to do comparisons 

between subjective reverberation effects and the early part of the decay 

and it was found the subjectively the early part of the decay is more 

important and this led to the definition of tHO related criteria: 

i) IRT (Initial Reverberation Time) as defined by Atal, Schroeder 

and Sessler (26) is the reverberation time corresponding to 

either the first 160ms or the first 15dB of the decay for non­

exponential and exponential decay respectively. 

ii) EDT (Early Decay Time) is defined as the RT corresponding to the 

first lOdB of the decay. 

Of these EDT has the edge in popularity, although both have been 

frequently used in recent years. 

A further quantity 1n this category 1S steepness. Steepness is defined 

as the rate of rise of the intensity of a sound pulse over the last SdB of 

this rise. Schroeder (27) has showed that sound build-up and decay are 

complimentary so that steepness is closely related to EDT and IRT. 

Steepness is measured in decibels per millisecond. 
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1.4.2 Early Energy Measurements 

The second class of measurements derive from the work done by Haas (28) and 

consider the ratio of energy arriving before a certain time to the 

rema1n1ng or total energy. All these criteria have as their basis the 

principle that the direct sound and early reflections are beneficial 

(signal) and the later reflections are detrimental (noise) to the hearing 

process. 

Thiele (29) first proposed 'Deutlichkeit' or Definition as the ratio of 

energy arriving in the first fifty milliseconds to the total energy, 

expressed as a percentage. Thus definition can be expressed as 

definition D 
1 t = sam. s 

_ 0 g(t)1.. dt 
- J;,..a get);:! -~ x 100% - (1.4.2) 

Other authors such as Niese (30) and Lochner & Burger (32,32) have 

used a linear transition from beneficial to detrimental sound by defining 

a weighting function aCt) to the integral, where aCt) is defined as 

o ~ t <- t, 

aCt) 

- (1.4.3) 

Graphically illustrated below 

'llt) 
11----------,. .to 

~--

'~ 
~ S 1,-, \1 ' L U .... 1-\ . NOISE 

0--+------ ---------~~. 
t 

o I 

yigure 1.4.1 Weighting function for SIN criterion 
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Lochner & Burger used values of t, = 35ms and t~ 90 milliseconds in their 

work. This led to a 'signal to noise' criterion being defined as 

A L 

where S 

and N 

( S \ 
10 log -- ) ,0 \ N 

100 a(t)g(t? dt 

[0<"> I _ g ( t?- d t 

- (1.4.4) 

In practice the upper limit of the S integral is of course t, SInce 

it is zero for t,~. This signal to noise ratio has also successfully 

been used as a percentage to indicate intelligibility to Lochner & Burger. 

Beranek and Schultz (33) later used a similar measure in reciprocal 

form defined as 

[ rOd "l 
1 J~Q"S g(tf dt 
o log ,0 r son.Sg ( t ) l d t 

Wo J 

- (1.4.5) 

The main difference In this criterion 1S that the signal energy (energy 

arriving less than 50ms after direct sound) is not included in the total 

noise energy and that the ratio is inverted. 

Recent work on a single figure criterion by Reichards (34) has focussed 

on this class of measurement and he puts the cut-off between early and 

reverberant energy at around 85 milliseconds. 

As work in this field progresses one of the above or a similar 

criterion should come to the fore and become generally used. Until then it 

would be convenient to be able to measure the ratio of early to reverberant 

energy with an arbitrary and variable weighting function or cut-off value. For 

this purpose formulae (1.3.3 and 1.3.4) provide this facility with a sharp 

cut-off where t I = t 2. If the measurements of the integral square are made 

with short time slices and stored in a computer then any or all of the 

above criteria can be calculated from a single measurement. 

1.4.3 ~atial Measurements. 

These criteria are all related to the variation 1n measurements from stage 

to audience area or to the direction from wllich reflections are received by 

the listener. 

Jordan has used a crit.erion called Inversion Index. This is the ratio 

between the average value on stage to the average value in the audience 

area of measurements of EDT, 1RT or definition D. An auditorium with good 

inversion has a value of inversion index greater than unity. This implies 

that players require early reflections to a greater extent than the 

audience and 13 the reason for diffuser panels above the stage area In some 

recent designs. 
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Recent work has emphasized the importance of lateral reflections, 

notably those of West (35) and Marshall (35 - 38), Keets (39) and Barron (40). 

The work on lateral reflections is beyond the scope of this work but was 

included for completeness. 

1.4.4 Integrated Impulse Measurements 

All of the measurements mentioned in 1.3.1 and 1.3.2 and inversion index 

are possible using the integral of the squared sound pressure response 

(filtered with octave or third octave filters) of the room to an impulse. 

In order to be able to do all the previous measurerrlents the value of the 

integral should be known at sufficient points on the time axis e.g. ~n 5 

or 10 millisecond intervals. This and all subsequent calculations of 

ratios and logarithms are conveniently done by software if the integral is 

evaluated in a digital computer and there is the additional benefit of the 

speed with which the calculations can be performed. 

1.5 Reverberation Time Measurement by Schroeders Method 

The accuracy of decay curves obtained by the method of excitation us~ng 

whi te noise is limited by the random fluctuations in the excitation signal. 

In order to overcome this difficulty it is necessary to take the average of 

a number of decay curves for t~e same source and microphone positions. 

This is both time consuming and inefficient and also the resulting curve 

does not show the first part of the decay in detail. 

A method has now been developed by Schroeder (24) which enables the 

ensemble average of a number of decay curves to be obtained in a single 

measurement using the integral square of the impulse response. 

Since reverberation time is still the main criteria for measurement the 

theory of Schroeders method is reproduced below from his paper (24). 

The theory relies on a statistical identity for stationary white noise: 

Let nCt) be stationary white noise. This implies that its autocovariance 

function is zero everywhere except for t, tz.. 

Therefore <n(t.). n(t2.»= N.Jet2. - t,) 

where <> denotes the ensemble average 

N is the noise power per unit bandwidth 

JCt1- - tt) is the Dirac delta function 

- (1.5.1) 

when the noise in a room has built up to a steady state then the signal 

received at the microphone ~s 

sCt) J-;:(c) r (t -"l:) d't 
_ oL:J 

- (1.5.2) 
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where ret) is the combined impulse response of the entire system 

including amplifiers, filters. transducers etc. If the sound source 

is switched off at t = 0, then ret) is zero for all t>O and the 

response is 

set) = JOn('}:).r(t - 1') d't - (1.5.3) 
-00 

where ~ is long enough ago for the room to have reached steady state. 

Squaring and taking the ensemble average yields from 1.5.1 

<S2(t» = l:dtJ}6(f)-?:) ret - 1:) ret -e) dG - (1.5.4) 

Since 6(0 -~) is zero for all values except 0 = t and the integral of 

the delta function is unity the second integral can be simplified giving 

(S2(t»= Nl:r1.(t -(:') d't - (1.5.5) 

changing the variable by substituting x t -t yields limits of 

?: 0 x t 

? -00 x 00 

and the integral becomes 

<s'(t»= N i oo r 2. (x)dx - (1.5.6) 
t, 

Therefore the ensemble average of the decays can be obtained by the 

integration of the squared impulse response. Note that the above equation 

cannot be evaluated at time t without a knowledge of the response at time 

tOO. It is therefore impossible to evaluate the decay curve ln real 

time using Schroeders method, and some method of storage is required to 

evaluate the integral. 

This problem can be overcome fairly easily and three methods are given 

below and illustrated in Fig. 1.5.1. 

1) The impulse response is filtered and recorded on magnetic tape. The 

tape is then played back in reverse and then squared and integrated 

and the result plotted on a level recorder. Playing the tape in 

reverse effectively reverses time and enables calculation of the 

integral from 00 to t, 00 being a time long enough for the sound to have 

decayed to ambient noise level. 

2) The second method by Kuttruf and Jusofie (25) evaluates the integral 

by splitting the integral into two parts as follows 

<Sl (t)/ = N(i;2.(X)dX -ltr2(X)dx} - (1.5.7) 

The first integral from 0 to 00 is evaluated with the switch ln 

position 1. The second part of the integral is evaluated and 

subtracted with the switch in position 2. This method does not 

require the use of a tape recorder but does require two impulse 

measurements to complete the calculations. This method also assumes 

that the two impulses are identical and therefore a highly stable 

impulse source is required. 
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3) The third method was the one used in this study. The impulse H 

filtered and sampled using an analogue-to-digital converter. Then 

either short tirrle slices of the integral or the samples themselves are 

stored in the memory for later integration by the computer. Once the 

data is stored a variety of measurements may be made using the same data. 

1.6 The Use of Digital Signal Processing Techniques 

The great reduction 1n the price of digital electronics has led to more and 

more signal processing being done in digital form. Once the signal has 

been digitised its accuracy and dynamic range cannot be degraded by noise, 

reducing the restrictions of using careful layout techniques and shielding 

to the small analogue section of the process. If the digitised signal is 

fed to a computer a great variety of calculations are possible. 

In the acoustics field the signals encountered generally have the 

following properties 

1) wide dynamic range 

2) Gaussian or similar amplitude distribution 

3) moderately wide bandwidth (especially in modelling work). 

With the wide dynamic range of the signal and when it is of a Gaussian 

nature the logarithm of the value or a ratio is often used to compact the 

scale. This can be carried over to the digital fi",ld using AID converters 

with logarithmically spaced quantisation levels. In a similar vein to the 

analogue case this leads to a simplification of the processing without a 

loss of resolution. In particular, logarithmic quantisation reduces the 

number of bits required enabling a larger number of samples to be stored Hl 

the same memory area. 

In acoustic modelling work the signal usually occupies 4 - 5 octaves 

and 1S analysed in octave or third octave bands. The wide bandwidth 

coupled with the wide dynamic range makes analogue signal processing 

difficult particularly with respect to noise and stability. Using digital 

techniques these problems are only of any significance early on 1n the 

signal processing chain, prior to and during the digitising process. 

Reducing the number of quantisation steps and using logarithmic 

quantisation enables a large reduction in the complexity of the squaring 

and integrating algorithms enabling them to be reduced to a simple table 

look-up followed by addition which can in some cases be done in real time. 

The algorithms are discussed in the following chapter. 
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1.7 Instrumentation Required in Acoustic Modelling of Rooms 

From the discussion of acoustic criteria, the review of modelling techniques 

and financial considerations the following specifications for an acoustic 

modelling system for rooms were drawn up for this study: 

1) An impulsive sound source be used together with Schro~ders method 1n 

order to evaluate the decay curve. Thus no attempt at subjective 

measnrements was made. 

2) Models of scale factors of up to 1 in 10 should be acconnnodated, as 

the larger models are costly to build and in many ways negate the 

purpose of modelling. This will be limited by the frequency response 

of the microphone and the highest frequency under study in the full 

size room. (The microphone available has a frequency response up to 

70kHz giving a maximum frequency of 7kHz in the full sized room for a 

1 in 10 model.) 

3) As no subjective measurement will be made it will be sufficient to 

compensate for air absorption (see section 5.5) instead of trying to 

reduce it. 

4) The advantages of the variety of measurements possible strongly 

suggest the use of a computer based digital system. All the criteria 

discussed in sections ].4.1 and 1.4.2 can be easily accomplished as 

well as the stage criterion of Inversion index. 

5) Because of the Gaussian nature of the signal it 1S possible to reduce 

the resolution required in the quantiser by using logarithmic 

quantisation without loss of accuracy and resulting in a smaller word 

length of the samples. Hark by Hanrahan (10J - 105) has shown that by 

the use of logarithmic quantisation, the calculation of the Integral 

Square may be reduced to an addi t ion V1a a tab Ie look-up. (This wi 11 

be discussed in the following section.) 

6) The dynamic range obtainable by this instrument should be as high as 

possible, but at least as good as current analogue methods. In normal 

acoustic work a dynamic range of about 50dB can be obtained but this 

is reduced when modelling frequencies are used. The dynamic range 

obtainable is usually limited by the power output of the sound source 

and the electrical noise of the microphone preamplifier. This was the 

case 1n this study as can be seen in appendix 5. 

The following chapter will discuss the background and theory of the 

digital signal processing technique used after which a full specification 
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lS drawn up for the instrumentation which was designed. This specification 

lS then used in Chapter 4 for the design of a high speed logarithmic AID 

converter. This converter was interfaced to the equipment described In 

Chapter 3. The instrument was then tested on a scale model to confirm its 

usefulness. 
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2. TECHNIQUES FOR INTEGRAL SQUARE (IS) HEASUREMENT 

2.1 Specifications of a Typical Signal 

From the discussion in section 1.6 it is possible to lay down specifications 

of the signal on which the IS measurement must be made in a room modelling 

situation. 

1) Signal: Band limited nOIse filtered either into octave or third 

octave bands. 

2) Frequency range 

3) Dynamic Range 

1kHz - 100 kHz (!" microphone type B + K 4135) 

I kHz - 140kHz (l/8" microphone type B + K 4138) 

SOdB (In order that this instrument does not 

limit the overall measurement chain.) 

4) Peak signal level : adjustable up to + 10V. 

These specifications will be used below to compare various methods for 

calculating IS. The following methods will be considered: 

1) Analogue squaring and integrating. 

2) Analogue squaring MD converSIon and numeric integration. 

3) A/D conversion, numerIC squaring and integrating. 

4) AID conversion, IS as a function of a statistical average. 

The first three methods are similar SInce the only difference is the 

transition point from analogue to digital processing. The last method 

differs because the mean square time average is calculated using a 

statistical average. This is possible because of the equivalence of a 

statistical average and the mean square integral. Since the mean square 

value is obtained from the IS value it is possible to use a statistical 

average to calculate the IS. This will be explained in detail later. 

2.2 Methods for Calculating Integral Square (IS) 

2.2.1 ~nalogue Squaring and Integrating 

This is the traditional method of IS calculation but becomes increasingly 

more difficult at higher freqyencies. The main problem OCCllrs when trying 

to square a hi~h frequency signal as it passes through zero. Consider the 

signal of slope - s at time t. The squared signal must have slope - 2S 
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before time t and a slope of + 2S after time t with an instant transition. 

In practice with a sinusoid or band limited noise this value is (from 

( 107) ) 

df(t) 
dt I f(t) = 0 <~ 

where A = amplitude for sinusoid 

.j A Wmax 

A = RMS value for bandlimited noise. 

t t. 

\ 
slope -2S\ jslope +2S 

> 

\ : / 
---.-~ 

time time 

slope -2S 

Figure 2.2.1 Change of slope of signal caused by squaring 

Since the signal 1S bandlimited n01se a typical value can be obtained. 

Assuming a ~ 10 volt swing is possible for the signal. This is the case 

with most ie's today. In order to prevent dipping the peak signal must 

have an amplitude 10 volts. Since the signal is narrow band limited it 

will resemble a sine wave in many respects and the R1'1S value should have a 

similar correspondence with the peak value as does a sinusoid. Therefore 

the maximum RMS value will be approximately 7,07 V and for a 140kHz signal 

this becomes 

d£ (t1 
dt 

f(t) 

/ + Aw 
~- max 

= 0 

~ 7,07 x 2 x "IT' x 140 x 103 vips 
~6,2 Vips 
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Therefore a squared signal must change slope from -12,4 V/~to 

+]2,4 vips in a very short time. Due to capacitance in the circuit this is 

not obtainable using conventional ic's, and severe distortion of the signal 

would result. 

A further disadvantage of this method is that analogue integration 

limits the variety of possible calculations possible to those of RT and 

EDT. 

2.2.2 Analogue Squaring, AID Conversion and Numeric Integration 

This method suffers from the same analogue squaring problems above but will 

allow for calculation of any of the IS based measurements if all the 

sampled signals are stored. Since the maximum signal frequency is 140kHz 

and squaring doubles the highest frequency of the signal, this method is clearly 

less suitable than the above method. 

2.2.3 AID Conversion Followed by Digital Squaring & Integrating 

This method simplifies the hardware required a great deal and allows 

variety in the type of measurement performed. As with the above method 

real-time processing is not possible, but the word length required can be 

reduced slightly since the signal is not squared. The converter would 

require about 13 bit accuracy though and this would still require 2 bytes 

of storage per sample. In the computer used about 28k bytes were available 

for storage giving a maximum event time of 0,05 seconds. This is marginally 

too short for the expected decay curve. 

As mentioned earlier the utilisation of logarithmic quantisation can 

greatly reduce the amount of storage required so that if the sample could 

be stored in a single byte an event time of 0,1 seconds at maximum sampling rate 

could be obtained. This would be sufficient for most model studies, even 

under reverberant conditions. Note that this condition is most critical at 

the high frequency end since high-er sampling rates are required and 

although the decay curve becomes steeper it does not do so as fast as the 

required number of samples increases. 

Algorithms for squaring and integration of the signal would be fairly 

straightforward but would require more than 16 bit integer precision and 
~ 

would therefore be time consuming considering the number of samples taken. 
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2.2.4 AID Conversion and Statistical Averaging 

In the case of IS and mean square integrals of stationary random signals it 

1S possible to obtain the integral using 3 statistical average (108). The 

following identity holds for a stationary random process. 

lim 
T~o.D 

where 

I f+T 
2T -7 

p(X)dX = 
f [ x(t)} 

probt X ~ 

tOO 

dt = f f(X) _00 

x(t) < X + dX J 
for mean square integration this reduces to 
_. t-T ~ 

p(X) dX f 

2 lim I f 2 r 2 
f = T--QO 21 .r 1J (t) dt = J.,V p(V)dV 

where p(V)dV = prObt V:!;, vet) < V -: dV is the amplitude probability 

disttibution of V. 

This technique of calculating the IS is of particular interest as 

algorithms have been developed (103 - 105) which greatly simplify the 

calculation when logarithmic quantisation is used. Therefore this method 

will allow faster calculation and a larger number of samples and so appears 

to have the most promise of all the methods examined above. In order to 

show these advantages this method will be examined in more detail. This 

examination will start with an introduction to statistical averaging and 

lead up to the algorithm used in this study. 

2.3 Statistica!_ Aver~ges as Time Averages 

A general equivalence exists between time averages and statistical 

averages for a time limited waveform. The time average of the time 

function x(t) is specified as a statistical average in the following 

general form (108) 

t~ 

g (x(t) = S g(X) f(X) dX 
_bOO 

where g(x(t» IS the time average of the 

f (X) IS the probability density 

Mean square values are obtained for 

g(X) = x2 

function g( ) of x(t) 

function of x(t). 

Hanrahan (102,103) has developed the above form into an algorithm 

- (2.3.1) 

- (2.3.2) 

suitable for computation. As.it forms the basis of the work the derivation 

is reproduced here. 



- 21 -

In this work it 1S more convenient to define the probability 

density function 1n a cumulative fornl so that the cumulative distribution 

function P(x) is 

P (x) prob { x (t) 1S more remove from zero than X 1 
Thus 

0<) 

P(x) Sx. p(u) du 

J}< p(u) du 
_ C>O 

The inverse relation in terms 
dP 

p eX) - sgn (X) dx (X) 

where sgn (X) is the sign of X 

l.e. sgn (X) 

sgn (X) 

I for X~O+ 

-1 for X~ 0_ 

of p(x) 1S 

Transferring this to equation (2.3.1) yields 

1+-1)0 d 
g(x(t» = -IX> sgn (X) d! (X) P(X) dX 

a necessary condition for this to be valid 1S that 

g(X) P (X) o 

- (2.3.3) 

- (2.3.4) 

- (2.3.5) 

- (2.3.6) 

\vhich holds 1n all amplitude limited case.s Slnce P(X) becomes zero 

for values of X beyong the amplitude limits. For the case where 

g (x) = X 1_ or the mean square value this becomes 

+00 

x':L(t) ioo1XI P(X) dX 

In the case of an amplitude limited signal \vith no zero 

offset this reduces to 

- (2.3.7) 

)(L 

~!.= 2 i 1 X I P eX) dX - (2.3.8) 
o 

This integration can be done numerically using weights hwc.: and 

abscissas Xt so that 

x = I )(<-

2 1 X 1 P(X) dX 
o 

2h i W. 
L;:'O 

I. 
- (2.3.9) 

Values of P(XO can be found by taking a large number of samples 

and classifying them giving 

l=o, ... ,N - (2.3.10) 

where C i is the number of samples lying outside the range -Vi to Vi. 
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Grouping the constants together 1n (2.3.9) we select 

kUL 2hw l Xl 

and the integral becomes 

-z x 

tJ 

k ~o ul. P(X i.. ) 

- (2.3.11) 

- (2.3.12) 

where k 1S a constant which allows the terms u l to be represented as 

integers in a number of useful cases. 

It has been shown that the mean square integral can be conveniently 

expressed as a statistical average. This has been reduced to a simple 

formula. In the following section the use of logarithmic quantisation 

will show that this statistical average can be reduced to an even simpler 

form. 

2. t+ Statistical A\~eraging of Log. Quantised Signals 

2.4.1 Logarithmic QU_<:Lntisation 

The benfits of logarithmic quantisation were glven 1n the first chapter as 

leading to a compression of data without loss of relative accuracy. In the 

previous section the integral square was manipulated into a form 1n which 

it could be calculated by a table look-up and summation for each value of 

abscissa. In the case of linear quantisation this table 1S too long but 

becomes feasible when logarithmic quantisation is used. Therefore we will 

nmv examine logarithmic quantisation in more detail and its application to 

IS measurement. In the case of IS the sign of the measurement is not 

important as only magnitude values are required, therefore the polarity of 

the signal can be ignored. 

Consider a quantiser with upper and lower limits of V and V respectively. 

The dynamic range is then given as 

D 20 log.o f ~:] 
the individual 

- (2.4.1) 

The values of thresholds form a geometric progression 

and have the general formula 

X 
L 

Xo bat i=o, ..... ,N - (2.4.2) 

The values of a & b are shown 1n the Table 2.4.1 for various quantisation 

levels. 

The interval width xi+1 - Xi increases from Xo to XL but 1S constant 

when expressed in the decibel form 

d 
D 
N 

- (2.4.3) 
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A comparision of logarithmic to linear conversion ~s shown In the figure 

below (fig. 2.4.1). 

,-\ 
--~ 

, \ 

_..L..- V\ V 
v 

• 

£fl.+1 , 

\I v 

Figure 2 4.1 Example of linear and logarithmic amplitude quantisation 

For a gaussian signal the probability density function is an 

exponential function of x~' Thus providing a quantiser ~"ith exponentially 

spaced quantisation will give a much more even distribution to the number 

of samples per quantisation level which should preserve the relative 

accuracy of the signal. 

dB b 
i+1 

a X 

Xi 

I 10 0,05 10°,05 

3,01 2 0,5 2°,5 

5 10 0,25 10°,25 

6,02 2 I, ° 21 

Table 2.4.1 Parameters of var~ous logarithmic quantitisers 

As can be seen from the above table the 6,02dB quantisation represents 

powers of two and can be implemented easily using available ie's. A 

logari thmic converter described by Duke (305) which relies on the 

exponential decay of a charged capacitor can be used to implement any of 

the intervals mentioned in the table. Since the decay of a capacitor is 
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exponential the time a capacitor charged to the signal value takes to decay 

is proportional to the log of the signal. By counting this time at various 

rates can give any quantisation interval. It can therefore be assumed that 

logarithmic quantisation is currently realisable. Various methods of 

logarithmic quantisation are discussed in a survey by Cantarano and 

Pallotino (301). For very high speed conversion it is often necessary to 

use flash converters. This consists of a comparator for each level of 

quantisation. The signal is presented simultaneously to each comparator 

and the outputs of the comparators 2.re combined to give the digital value 

of the signal. For linear A/D's this type of conversion requires 16 window 

comparators for 4 bits and 1S not usually used above 4 bits. However with 

logarithmically spaced levels the number of comparators required is greatly 

reduced and this method hecomes more attractive. 

2.4.2 Integration ~f Log Quantised Signals 

Section 2.3 showed that the calculation of the integral square or mean 

integral square can be reduced to 

x 
('''L 

2. I 1 X 
J o 

P(X)dX - (2..3.8) 

Hanrahan (105) has analysed var10US methods of evaluating the above 

integral using logarithmic quantisation of the signal. 

The methods considered were 

• (a) A form of Simpsons' Rule due to Meisel. 

(b) Trapezoidal Rule Integration. 

ec) Tangent Rule Integration. 

Meisels integration results in constants which except for 6,02.dB 

intervals cannot be expressed as integers. It would be necessary to do 

calculations to a number of decimal places to avoid truncation error. 

The trapezoidal and tangent formula result in constants which can be 

represented as integers in a table look-up but the tangent formula results 

in a simpler table and also less integration error and so this formula was 

used. A grapb of the effect of quantisation error from various integration 

methods for a gaussian signal is reproduced below in fig. 2.4.2. for (105). 

From this figure it can be seen that the tangent formula gives the best 

performance of those examined and is also the simplest to implement. The 

application of this formula to log quantised signals is therefore treated 

in detail. 
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Figure 2.4.2 Effect of Quantisatioi Error for Various Integration Formulae ( ]05) 
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Figure 2.4.3 Tan~ent Formula Integration of a general function G(V) 

2.4.3 Tangent Formula Integration with Log Spaced Abscissas 

Hanrahan (105) showed that the tangent formula for logarithmic quantisation 

reduces to a simple integer summation via a table look-up. This derivation 

is reproduced here as it forms a basis for this work. The tangent integrating 

formula uses the midpoints of the quantising intervals as opposed to the 

thresholds themselves. So we define fictitious boundaries BL such that 

Xi are the midpoints so that 

X' l 
B ~ + B Lt/ 

2 

where BL are the fictitious boundaries of the quantiser 

X i. are the midpoints of the boundaries 

- (2.4.'4) 
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This is illustrated 1.n fig. 2.4.3 where G(V) is a general function. 

Since the quantiser 1.S logarithmic the threshold levels are related by 

the formula (2.4.2) so 

Referring this to the midpoints we get 

~ (b eM. 
o.{~",) 

) + b X. 
L 2 

Bo ( 1 + blA. t'-
2 

For the lowest threshold level B this becomes 
Q 

Xo 
Bo (1 + b(l..) 
2 

In a similar fashion the i.'th interval midpoint becomes 

X' L 

BZ 
2 

The contribution of the [Ith integral to the total integral 1.5 

8,+, J G(X)dX 

B .. 

and the ,'th weight of the total integral 1.S 

- (2.4.5) 

- (2.4.6) 

- (2.4.7) 

- (2.4.8) 

- (2.4.9) 

.,.. (2.4.10) 

This can be better expresed in terms of the reference midpoint Xo from 

(2.4.7) and (2.4.8) 

, 
c 0, ••• , N - (2.4.11) 

and separating the constant and variable parts becomes 

h - (2.4.12) 

and w - (2.4.13) 

This yields weights which are in closed form and independent of the 

scale factor. Also the actual integration range is increased from 

(see fig. 2.4.3) which is a greater range. 

2.5 Algorithm for Tangent Formula Integration 

Hanrahan (105) derived a simple algorithm which reduces the mean square 

integral to a table look-up and summation. This method was used 1.n this 

study and so the algorithm derivation is included here from (105). The 
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mean square value wa& shown to be 

2 x k 
N 

i 
u. 

1 
o 

pev. ) 
1 - (2.3.12) 

where ku. = 2h w. X. (2.3. 11 ) 
111 

The values of peX.) can be determined by taking a sufficiently large 
. 1 

number of samples, say M, and classifying the sample according to whether 

it satisfies 

x(t) Xi - (2.5.1) 

The values which satisfy this condition will be C~, say, giving the 

cumulative probability distribution function P(Xi) as 

P(X.) c. 
1 1 

M - (2.5.2) 

we can define ~i(m)for each sample as 

'A i (m) = 
o 

0E- i~ I 
otherwi~e (2.5.3) 

This is simply an array of ] 's and a's indicating which levels 

the m th sample exceeds. Then 
M 

c. = z. A. (m) 
1 m=] 1 

Substituting into (2.5.2) and then into (2.3.15) yields 

2" k N M 
x M 2.. u. ~ A. (m) 

i=o 1 m=l 1 

This simplifies by changing 

2 k M 
x = M~ 

m=] 

where SCI ) m 
= 

S (I ) 
m 
N 

~ 
i=o 

.I 
~m 
1=0 

'\. (m) 
1 

u. 
1 

the order of 

u·l 1, 

summation 

- (2.5.4) 

- (2.5.5) 

- (2.5.6) 

- (2.5.7) 

since "i (m) is zero for all i greater than 1m according to (2.5.3). 

The mean square integral then becomes for M samples 
2" It M 
x = M 2: 

m=l 
SCI ) 

m 
- (2.5.8) 

which is an algorithm in the form of a table look up. The weights 

are kul=/n.h Xi. according to equation (2.3.11) and I,.. is the output 

of the analogue to digital converter for sample m and S(I~)is a table 

built up of the weights. The table entry is added to an accumulator 

each time a sample is taken that falls within that interval. 
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For the tangent formula it was shown that the weights and constant 

are 

and :i_=2:~: - ~ 
b + 1 

substituting these formulas into (2.3.11) and simplifying using 

(2.4.8) and (2.4.5) leads to the weights for SOp') as follows 

u.= b2ai 
~ 

a 
k = 2V2 (b - 1) 

o b a + 1 

- (2.4.12) 

- (2.4.13) 

- (2.5.9) 

- (2.5.10) 

In the case of the various intervals in table 2.4.1 this leads to the 

following 

I Intervd (dB) 
! 

I 3,01 5 6,02 

b 2A J ,258925 2 3,16228 4 

Table 2.5.1 Values of u~ for var~ous quantisation intervals' 

The case for both 3,OJdB and 6,02dB appears attractive but 

especially the case for 3,OldB as the.stored value table is 
r . 

SCI ) 
m 

= S(r) = ~ 2~ 
i=o - (2.5.11) 

This is shown in table form below for a converter with 8 thresholds in 

binary and octal form. This makes it feasible to do the integration ~n 

dedicated logic hardware or in a simple computer capable of integer 

addition. With the multiplication process avoided the algorithm can 

be implemented in real time up to approximately 20kHz. 

Table Entry S(r} 

r Binary Octal 

7 1 J 1 1 1 J 1 1 377 

6 1 J 1 1 1 1 1 177 

5 J J 1 1 1 J 77 

4 1 J 1 J J 37 

3 J 1 1 1 17 

2 1 1 J 7 

1 1 I 3 

0 J J 

Table 2.5.2 Table look-up values for 3,OldB quantising intervals 

using tangent formula 
.. 
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2.6 Concl us ions " 

The foregoing chapters have shown that a digital method using logarithmic 

quantisation will provide a simple method of calculating the mean square 

value or IS value which enables a variety of IS-based measurements to be 

made which is useful in acoustic modelling work. 

The formula for integration of the mean square value was developed 

using statistical averaging in place of time averaging. This combined with 

logarithmic quantisation leads to a very simple algorithm which can be 

implemented on a mini-computer at high speed. 

This formula can be modified for the integral square calculation very 

simply by not taking the mean. Therefore 
M 

2 k ~ S(I ) x M m=l. m 

M . 1T2 k~1 SCI ) x dt 
0 m 

When using the above formula for calculation of reverberation 

uSl.ng Schroeders method the formula (1.4.6) becomes 

CoO 

2 hr2 (x) < s (t) > = N dx 

M 
= N k,:E SCI ) m m=m 

t 

where M = a large number of samples 
mt = mlth sample at time tm 

(2.5.8) 

(2.6.1) 

decay 

(1.5.6) 

(2.6.2) 

In order to implement this it ~s simpler to use (1.4.7) and calculate 

s2(t ) 
m 

This can be 

- ~I StIrn)] 
into a decay 

- (2.6.3) 

curve in decibel form. Since 

all calculations are ratios it is not necessary to know the constants 

k or N, Defining the zero dB 
M 

value as the value at time zero we get 

20 10g]0 '52. 
m=1. 

D(o) = SCI ) 
(2.6.4) 

or the total integral and the decay curve becomes 

~ S(Im) -~S(Im) 
m=] m=1 D(t) = 20 10g10 

- (2.6.5) 

Thus if the only time dependant term in the above equation 

m 
~t 

m=] 
SCI ) 

m 

1.S calculated and stored at various values of t, then the decay curve 
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can be calculated when the total integral for M samples is known by 

inserting the values into equation (2.6.5). Put more simply this means 

that in order to be able to reproduce the decay curve using Schroeders 

Method and the algorithm developed it is necessary to store values of the 

accumulating integral at various points along the decay. These values are 

then related to the total integral to get the decay curve. The accumulating 

integral need be known only at intervals of 5ms or similar interval. 

The same thing may be accomplished by storing 'snapshots' of the 

accumulating probability density function at various intervals. Afterwards 

these can be formed into the integral using the weights for each quantising 

level. This first method was used in this study but either method could be 

used with the equipment built. The second method is a good illustration of 

the time average as a statistical average. 

Once the decay curve has been calculated, then values for RT, EDT, IRT, 

etc. can be calculated from this curve. 

The choice of quantisation interval depends on two considerations which 

tradeoff with each other. As the quantisation interval is reduced the 

complexity of the quantiser is increased. In order to make the algorithm 

simple it is best to choose an interval which provides a simple look-up 

table. Since values of u for ldB and 5dB intervals are irrational a 

rounding error will occur in the computer. However the 3,01 and 6,02dB 

intervals yield integer values of u and no rounding error occurs. These 

quantisation intervals are easier to implement as well since they are 

related to the binary number system. From the figure 2.4.2 it can be seen 

that the quantisation error can be greatly reduced if 3,OldB intervals are 

used instead of 6,D2dB intervals. 

Therefore logarithmic quantisation using 3,OldB intervals was chosen 

for this study. 

The next chapter will describe the equipment already available and show 

how the logarithmic quantisation can be realised. 
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3. HEASUREHENT SYSTEM OVERVIE\~ 

In the first chapter the requirements and constraints of acoustic 

modelling were introduced. The advantages of a digital system with 

logarithmic quantisation were shown. In the second chapter the advantages 

of logarithmic quantisation \vcre strengthened by the simplicity of 

algorithms for Integral Square which result from the method. 

In this chapter the measurement system is introduced. An acoustics 

laboratory had been developed and the intention of this study was to extend 

the capabilities to include room acoustic modelling studies. The existing 

system will be described together with the required extensions for 

modelling work. 

3.1 Acoustics Measuring Equipment 

The selection of instrumentation was largely made from available equipment 

which consisted of the following: 

1) B + K 4135 quarter inch condenser micropllone with UA 0035 adapter and 

B + K 2619 cathode follower 

2) B + K 2606 measuring amplifier with continuously variable gain and 

facility for connection of filter sets 

3) B + K 16!L1 filter set with octave filters up to 125kHz and third 

octave filters up to 160kHz 

4) model to I/Bth scale of an existing reverberation room. 

In room acoustic modelling the mal_n problem is the lack of suitable 

transducers. In this case the limitation was the frequency response of the 

microphone. The inch microphone has an open circuit frequency response 

of 3.9Hz to 100kHz (+ 2dB) whereas the rest of the instrumentation has a 

frequency limit of 200kHz + 2dB (except of course the filter set). 

An 1/8th inch microphone is available commercially but one was not 

available for this study. Since the frequency response of the microphone 

is determined by the diameter of the condenser this microphone has a 

frequency response up to 140kHz! 2dB, but since the sensitivity is 

proportional to the area of the condenser the sensitivity is only a quarter 

(-12dB) that of the! inch microphone. Assuming the same preamplified 

noise this will requlre a four times more powerful sound source to obtain 

the same dynamic range. 



- 32 -

The limiting factors to the dynamic range are the output power of the 

sound source and the electrical circuit n01se of the measurement chain. The 

circuit noise was measured (see fig. AS) and was found to be below 

35dB equivalent SPL «5,uV) for the range 1kHz to iOOkHz measured in third 

octave bands. 

The output power of the sound source should therefore be greater than 

85dB measured in third octave bands for the same range for a 50dB dynamic 

range, measured at a typical distance as would be used in a model room. 

The upper limit of SPL for the microphone is J68dB (3% distortion limit) 

therefore no damage would result to the microphone for a sound source of 

that capability. The dynamic range is more likely to be limited further 

down the measurement chain by the voltage swing of the squaring circuit (if 

analogue squaring is done) or the sample and hold and A/D converter. A 

description of the sound source used is given in Appendix 5. 

In summary then the acoustics equipment used provided no restrictions 

on the dynamic range and limited the frequency response to 100kHz for the 

! inch microphone used. 

3.2 Computer System 

3.2. 1 Hard\"are 

A minicomputer was available enabling a computer-based instrument system to 

be designed. The system consisted of a 16 bit NOVA ]200 minicomputer. 

NOVA-line minicomputers are particularly useful because they can easily be 

interfaced to user-devices. The CPU has four accumulators via which all 

data transfers and arithmetic operations are done. It can address 64 I/O 

devices and 32 k of memory of which 16 k was implemented. Data can be 

transferred to the I/O devices either under program control or by data 

channel (direct memory access). A vdu and matrix dot line printer were 

available. 

The operating was dual floppy diskette based with a small core resident 

section and diskette based overlays. 

A rack of acoustics instruments had been developed which was connected 

by the 48 line I/O bus. The dual 10 bit D/A converters of this rack were 

used to drive an X-Y plotter to produce decay curves. The other equipment 

1n the rack was not used. 

Below is a block diagram of the system hardware. 
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3.2.2 Software 

The operating system consisted of a small resident core section and 

diskette based overlays. The core resident section occupied less than 2000 

words of core leaving 14 k available for user programs storage. 

The diskette operating system was Decision Diskette Operating System 

(203). This used a linked list of free sectors and so allowed files to 

grow and shrink as required. The operating system also allowed the user to 

access routines called primitives within the operating system from within 

assembly language programs. This a1lO\"s the user to create, open, close, 

read and write data files on the system. A number of these routines were 

used ~n the call drivers for the CSBASIC program LADEXER. 

One of the general operating system commands allowed an image of the 

core between two locations to be stored as a binary file on the system. 

Unfortunately the file format 1.S not supplied but this was determined and 

is shown in section 5.6.4. Routines written in assembly language were 

written which enabled C5BASIC programmes to access data stored by the IMAGE 

command. This allows the user to use the whole of core except for the arc'(i 

occupied by DDOS for data storage. This results in very nearly 14 k 

available for data storage. 

Applications programmes were written in C5BASIC (204, 205). This is an 

extended version of Data General BASIC which allows communication with 

assembler routines. Provision is made for the transfer of various formats 

of numbers between CSBASIC and the assembler routines. These routines are 

called call drivers and allow the C5BASIC to communicate with non-standard 

devices (in this case LAD and D/A converters) as well as communicating with 

the operating system in order to read files created by the IMAGE command. 

A description of the CSBASIC package is included in Appendix 2. 

The CSBASIC package also includes routines to read and write data files 

from BASIC. However this facility was not used for two reasons: 

i) In order to use the facility it would be necessary to have the C5BASIC 

package resident in core in order to save the data. Since real-time 

processing is not possible (discussed later) it was felt that the data 

storage area should be maximised. 

ii) Files stored hy the IHAGE command cannot be read by the standard 

routines of CSBASIC. 

The use of a high level language such as BASIC allows the applications 

programmes to be easily modified, and the interactive nature of BASIC makes 

testing easier. 
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3.2.3 Interfacing to NOVA ComputeFs 

One advantage of this line of computers is the ease with which they can be 

interfaced. Data transfers can be considered as belonging to two distinct 

types. 

i) Programmed transfers 

ii) Data channel transfers. 

Programmed transfers take place under the control of the program and 

data is transferred hy a program instruction. The interface usually 

signals its readiness to transfer data by setting or resetting BUSY or DONE 

flip flop. These signals are then tested hy program instructions so that 

the hardware of the interface holds up the program until it is ready and 

then data transfer takes place. The two flags BUSY and DONE are normally 

complements of each other but they can be used independently. Transfer by 

programmed transfer ~s therefore limited in speed to the shortest loop 

which can transfer the data, store it or load it, test for termination and 

loop. 

Data channel transfers (di~ect memory access) are transparent to the 

program being executed, and take place at a much faster rate. The data 

channel operates on a daisy chain system of priority with the highest 

priority device nearest the CPU. In the system used the diskette controller 

had the highest priority so that it was not possible to do diskette 

transfers while doing LAD transfers without losing data. Thus it was not 

possible to store data directly on the diskette. 

The number of levels of the LAD also affects the length of the program 

transfer loop if integration is to be done in real time. If the converter 

has 16 levels or less the algorithm loop is very much shorter and the 

integration can he done at 70kHz. For more than l6 levels the maximum 

frequency reduces to 22,3kHz because the tahle lookup entries become larger 

than 16 bits and a 32 bit table must be used. 

Below ~s a table summarising the various data transfer speeds. The 

table was constructed using the instruction times from the manufacturers 

data sheets and the call driver "MSVS" from (lOS) which was suitably 

modified for each case of programmed transfers. For model work it would be 

preferable to sample at rates greater than 200kHz and no programmed 

transfers can accommodate that rate. It can be clearly seen that for model 

frequency work data channel transfers would be the choice. 
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Programmed Transfers 

Store only 

Time (// s) Maximum frequency (kHz) 

Integration single precision lookup 

(~16 levels) 

Integration double precision lookup 

(> 16 levels) 

Data Channel Transfers 

One sample per word 

Two samples per word 

1],55 86,6 

14,25 70,1 

44,75 

1 ,2 

1 ,2 

22,3 

833 

1666 

The data channel controller is more complex in terms of hardware than 

the programmed transfer controller but this is not important in the choice 

of interface method and the direct memory access method was chosen. 

Details of the interface design is given in the following chapter. 

3.3 Reverberation Room Model and Sound Source 

A 1/8th scale model of a reverberation room was available for the experiment. 

It was therefore possible to compare measurements made in the model with 

those of the full size room. The room was made of hardboard and finished 

in varnish. The model was tested by Robson (47) previously and the 

results are shown below in fig. 3.3.1. These results were made-with 

various surface treatments and sound sources so that only the final tests 

with a varnished surface can be compared with the results obtained in this 

test. The scaled reverberation times from (47) agree with results obtained 

~n the full size room. 

Although a small impulse source was available, the signal to no~se 

ratio was small due to the circuit noise of the preamplifier. A larger 

sound source was therefore designed (which is described in Appendix 5) and 

using this a signal to noise ratio of 85dB was obtained over the frequency 

range under study. See figures 3.3.2 and 3.3.3. 

3.4 Conclusions 

There was a fair amount of equipment available for modelling studies but 

the main component, a high speed logarithmic analogue-to-digital converter 

(LAD) was not available. The design of the high speed LAD, its interface 

to the NOVA ]200 minicomputer and the writing of software to drive the LAD 

were the major part of this work. Previously ( lOS) a LAD had been designed 

with 17 levels of 3,OldB each and working up to a max~mum of 40kHz. For 

modelling work it was necessary to sample up to 200kHz or greater and this 

required a different approach to the conversion and interface. The 

following chapters present the design and testing of the high speed LAD. 
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------------
Reverberation Times (RT) (msec) 

--I , 
Before 

I 
Brush Spray Spray 

Frequency Varnishing Varnishing Varnishing I Varnishing 
I 

kHz I (Impulse) 

5,04 198 I 301 407 431 I 

I 
I 

6,4 199 292 
I 

366 400 

8,0 154 I 250 I 324 I 350 

10,0 16 I I 253 I 273 I 290 

12,8 135 
I 

I 203 263 251 

16,0 121 177 229 I 220 
I 

20,0 108 178 187 
I 

204 

I 25,2 95 142 162 173 I 32,0 93 126 130 , 152 
• I 

1+0,0 79 , 121 1 13 I 108 I 

50,4 89 98 99 

I 
106 

64,0 81 87 86 97 

~o 70 78 74 81 
I 100,0 75 81 71 81 

730FI Dry Bulb I I 
l- Temperature 80°F 76°F 73°F 

t Wet Bulb 

I Temperature 60°F I 61°F 62°F 62°F 
-I -- I 

Relative I ! 1 Humidity 3470 Lf 5% I 57% 57% I l 

FiBu~e 3.3.1 Reverberation times of 1/8th scale model (47) 
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4. DESIGN OF A HIGH SPEED LOG A/D (LAD) 

4.1 pesigp Specifications for LAD for modelling work 

4~1. 1 Specifications 

The design specifications are listed below: 

1) Quantisation - logarithmic, with 3,OldB intervals 

2) Dynamic Range SOdB 

J) Maximum input voltage + lOV 

4) Overload margin 3,5dB 

5) Maximum signal frequency - 140kHz 

6) Sampling frequency up to 280kHz 

7) Conversion time - J,5)-ls maximum 

8) Code - Sign and magnitude in gray code. 

The choice of code is not critical but gray code has the advantage that 

only one bit changes at a time and it can be encoded very efficiently. The 

choice of sign and magnitude form for the code arises from the fact that 

the algorithm uses only the absolute value of the signal. 

The signal frequency range of up to 140kHz was chosen because this is 

the useful limit for a 1/8th inch microphone. Above this frequency the 

response falls off at about 12dB per octave and the microphone loses its 

omnidirectional properties. Although a ! inch microphone was used in the 

higher limit was chosen so that the instrument would be capable of 

operating with both microphones. 

The sampling frequency limit 1S dealt with 1n section 4.1.3. 

4. 1.2 Sampling Errors 

The sampling requirements for the converter proved to be very stringent due 

to the high frequencies and large dynamic range of the signal. 

Due to the high frequency of the signal a sample and hold with a low 

aperture uncertainty time or aperture jitter is required. This 1S the time 

error and consequent amplitude error due to the Sample and Hold circuit. 
• 

This is important at the lowest levels of the converter because both the 

amplitude probability and rate of change of the signal is at its highest at 

this point. Therefore the required aperture uncertainty time must be 

quantified. 
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Papoulis (J07) has shown that for bandlimited gaussIan signals with a 

maximum frequency of W(l the expected value or mean rate of change of the 

signal is 

E { I f (t + cr:) - f ( t) \ 2 } (w C /2) 
a 

which for small values of w 

EL\f(t +1') - f(t)\2} ~ 
reduces to 

2 n- 2 
P~v C 

o 
where PIS the mean square value 

Wo 1S the maximum frequency 

of f(t) 

E{1 1S the ensemble average or expected value. 

Thus the expected maximum rate of change 1S 

E{df(t)1 Z IPw 
t dt } - r a 

- (4.1.1) 

- (4.1.2) 

- (4.1.3) 

The signals referred to in 4.1.1 to 4.1.3 have an upper frequency of 

Wo and a lower frequency limit of dc. In practice the signal to be used 

"Till be filtered to octave or third octave bands. However this difference 

will not affect the maximum rate of change. As the lower frequency limit 

approaches the upper limit the signal approaches a sine wave so it is not 

surprising that the maximum rate of change of the signal is the same as the 

maximum rate of change of a Slne wave of frequency woo 

In order to choose a sample and hold it is necessary to estimate the 

maximum rate of change of the signal. The argument belmv will estimate 

this figure to arrive at a ;'ball park" figure of required aperture 

uncertainty time for the sample and hold circuit. 

For a converter using 3,01dB intervals, Hanrahan (lOS) has shown that 

the onset of error due to clipping occurs fairly rapidly when the RMS value 

of the signal is less than 8dB belo~v the highest level of the converter. 

Since the voltage SWIng on the sample and hold circuits considered is 

about + JO volts the highest level of the converter would be well below 

that to prevent the sample and hold circuit saturating or overloading. The 

max1mum level would typically be ~ 5V. Therefore the signal used would 

have an RMS value of approximately 2V (8dB below 5V). 

Using these values in (4.1.3) glves 

E {df(t)_1 <' 12' x 2'11 x 140 x 103 
dt J ~ r J ,24 V/ps 

With a maX1mum level of 5V and a 50dB or· greater dynamic range the 

lowest level will be less than ISmV. The aperture uncertainty time (I:') 

must be such that the amplitude error of the converter is well below (say 

half) the lowest quantising threshold 1.e. 

(0,15 x IS x 
-3 

10 )/(1,24 x 6,03ns 
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A survey of some sample and holds available ~s given ~n the table 4.1.1 

~n increasing cost order. 

r--
1134 I I I 

S + H SHA MP 270 SHA 2A SHM DH 

Aperture time (ns) 35ns I IOns 10ns 10ns 

Aperture uncertainty (ns) +2ns +0,2ns ~0,25ns .!.O,2ns - -
Acquisition time (max.) 5,5fis 1,4,IIs 500ns SOns 

Accuracy with above 

acquisition time 0,01% 0,01% 0,01% 0,5% 
I 

Table 4.1.1 Data of Various High Speed S + H Modules 

The SHA 1134 just has a shorl enough aperture jitter but has too slow 

an acquisition time. The MP 270 was therefore the cheapest device that 

satisfied the criteria of aperture jitter and acquisition time leaving 

2,1?s for the A/D conversion. 

Due to the high price of the S + H module, any idea of mUltiple slower 

converters operating in tandem was rejected because each would require a 

sample and hold with a low aperture jitter. 

With an acquisition time of 1,4jJs and a total conversion time of 3,5}4s 

the conversion time is 2,I~s. The sample and hold MP 270 has a maximum 

signal range of +lOV and a lower signal limit restricted by dielectric 

absorption. This ~s the decay of the capacitor voltage due to charge 

redistribution in the dielectric. The decay voltage is g~ven by 

where 

10 (ts + th) 
ts 

K empirical constant for dielectric 

polystyrene capacitor in MP 270 

Es Capacitor volt change 

~E Output voltage error 
• 

- (4.J.4) 

1,5 x 10- 4 for 

ts & t~ are the sample ana hold times respectively. 

For a signal of 140kHz the expected maximum rate of change was shown 

to be 1,24v/ps from (4.1.3). Therefore the expected change in 3,5}Js 

(total conversion time) is less than 5V and so a 5V step will be considered 

for the dielectric decay. The sample time is 1, !+ps and hold time 

= 3,5,us - 1,4/1s = 2,IJtis. 
-4-6E 5 xl, 5 x 10 log 

1,05 mV 

The voltage error is therefore 

10 (1,4 + 2,1) 
1,4 

Thus the MP 270 sample and hold will g~ve errors ~n amplitude of less 

than O,25mV due to aperture uncertainty of a signal l.ith rate of change of 
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1.2V/ps. The hold error during conversion due dielectric absorption will 

be less than 1,05mV. These figures will be used in section 4.1.4 in order 

to select the threshold limits and number of levels for the converter. 

The next section will examine the errors due to the sampling frequency 

as opposed to amplitude quantisation. 

4.1.3 Sampling Rate 

In order to be able to reconstruct a signal it LS necessary to sample it at 

twice the highest frequency of the signal. However Ln mean square 

calculations it is not necessary to reconstruct the signal nor would it be 

feasible with the logarithmic quantisation used. Hanrahan (105) has 

investigated the errors due to sampling at various rates with a log 

quantised signal and has suggested that the following errors apply for 

gaussian signals of bandwidth B 

6(X2) I f ~ f 
'L" JBT 

:s n 
m(x ) 

- (4.1.5) 

= I f 
S' < f 

n .~ JWf 
where G'is the standard deviation and m the mean value of ";t: of a signal of 

bandwidth B evaluated over a time T and ~ is the Nyquist frequency and ~ 

the sampling frequency. 

This implies that 1/2B marks the transition between correlated and 

uncorre1ated data. Therefore sampling at a higher rate gives no improvement 

because the data becomes correlated and the statistical averaging is not 

improved. This was the reason for specifying a maximum sampling frequency 

of 280kHz and this leads to a maximum total conversion time of 3,5ps. This 

limits the choice of conversion principle as shown in section 4.2.1. 

4.J.4 Number of Quantisation Thresholds 

For a dynamic range of 50dB or greater and 3,OldB thresholds the converter 

will need at least 17 levels of each polarity. An upper limit will be 

imposed by a number of factors 

1) Dynamic range of sample and hold. 

2) Circuit n01se 1n converter. 

3) Physical size constraints. 

4) Loading on sample and hold output. 
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The MP 270 has <1 no~se level of O,SmV max~mum and the hold decay error 

\-Jas shown to be approximately 1mV maximum. Therefore a safe lower limit 

for the signal would be approximately SmV - at least 6dB above the nOlse. 

The converter should also allow a degree of overload before saturation so 

an upper limit of SV for the highest threshold was chosen. This gives a 

dynamic range of 60dB maximum (or 20 levels) for the signal entering the 

converter from the sample and hold. 

The circuit noise expected in the converter ~s not easily quantifiable. 

The converter was to be built on a board together with the controller and 

to fit in the top slot of the minicomputer. Even with good shielding the 

circuit noise was expected to be the limiting factor for the lowest 

threshold and 18 levels was chosen as a design guide giving a SLldB dynamic 

range. 

The design of the converter according to the specifications glven here 

IS shmvn in the next section. 

4.2 Converter Design 

4.2.1 Conversion Principle 

In a survey of logarithmic analogue to digital converters, Cantarano and 

Pallottino (301) discuss various methods of conversion and implementation. 

However few of the techniques described are suitable for high speed work. 

Four possible techniques are shown in fig. 4.2.1. The first uses a 

logarithmic amplifier followed by a sample and hold and linear conversion. 

The circuitry involved in wide band,vidth logarithmic amplifiers is very 

complex and therefore also expensive. Logarithmic amplifiers are usually 

unipolar circuits and the probl~ms of crossover distortion are severe 

considering the high bandwidth required. The low amplitude region of the 

signal is also of considerable significance because of the high probability 

density function of typical signals in that region. For these reasons the 

use of logarithmic amplifiers was avoided in the design. 

A second principle using a single comparator and a D/A converter 

generates a logarithmic ramp increasing in amplitude until the comparator 

flips. The method is very muc~ cheaper but it has a number of limitations. 

The main one is the fact that this converter requires at least the same 

number of clock cycles as the converter has thresholds, requiring the D/A 

converter to settle and the comparator to switch at each cycle. This would 

not be feasible for converSlon In less than 20ps assuming a comparator 

which switches in Saar,s and a D/A that settles in the same time. Successive 

approximation in the style of linear converters is not possible due to the 

uneven spacing of thresholds. Some form of rectification of the signal is 
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required as this converSlon principle is unipolar. Problems associated 

with rectifying the signal are similar to those of squaring and discussed 

In section 2.2.1. 

The third principle shown in fig. 4.2. I uses the decay of capacitor. 

Since this decay is exponential equal time slices will correspond to 

logarithmically spaced voltages. Thus the decay time is proportional to 

the log of the signal and this time can be used to enable a counter. The 

number in the counter will be the number of levels exceeded by the signal. 

This method is unipolar but could be made bipolar by using a window 

comparator and bipolar reference levels. However with this principle the 

comparator switching time must be considerably shorter than the time taken· 

to decay by one level. Also time must be allowed for the capacitor to be 

charged up to the signal value. With these limitations this method lS not 

suited to high speed work. 

With the use of tandem converters ruled out by the cost of additional 

sample and holds, the fourth principle shown in fig. 2.4.] appears to be 

the best. 

Since the converSlon time 1S only 2,lp s all of the methods considered 

up to now have been too slow. The fourth principle shown in fig. 4.2.1 is 

the fastest conversion method available and will be easily capable of this 

conversion speed. This principle known as parallel or flash converS10n lS 

used in the high speed video digitisers where the conversion is usually 

2 - 4 bits accuracy. This consists of a bank of comparators each with a 

reference voltage corresponding to one of the thresholds. 

Since this principle is parallel it will operate approximately at the 

switching speed of the comparator chosen. Hmvever for an N level converter 
, 

we require 2N + 1 converters and this could give loading problems. The 

other main consideration in this principle is the provision of 2N voltage 

references - one for each threshold. This method appears to be the only 

method available to do the conversion in 2,lps and so was chosen for the 

design. 

The mall1 sections of the design were 

1) choice of comparator 

2) generation of voltage reference ladder 

3) circuit layout 

4) interface design. 
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The circuit IS shown In block diagram In fig. 4.2.2. It operates as 

follows: 

positive and negative voltage references are fed into a voltage divider 

resistor ladder and these voltages are each fed to a comparator. The 

ouputs of each comparator IS wire orled with the corresponding threshold of 

the opposite polarity. When the signal from the sample and hold is applied 

all the outputs will be driven low if the signal exceeds the threshold i.e. 

::> Vi. or <-V, where i is a threshold. These outputs together with the 

sign bit are fed to the encode circuit where the data is coded into gray 

code. Once the data has settled it is clocked into the interface and the 

held signal is released to track the input. Since the NOVA is a 16 bit 

minicomputer two samples are stored per word and the DMA transfer rate is 

half the sampling rate. Since the DMA handshake 1S so fast there 1S no 

possibility of losing a sample by the time the next sample is clocked in. 

The following sections show the major sections of the design in more 

detail. The actual circuits used are shown in Appendix 4. 

4.2.2 Choice of Comparator 

The choice of the comparator was based on the following considerations: 

1) Fast switching speed ( «. 150ns) 

2) Very high gaIn 

3) Low input bias current (.( l}lA) 

4) Freedom from oscillation 

5) Low or nullahle input offset voltage. 

Low cost comparators such as the 710 have fast switching times but 

require larger overdrives and have a high input bias current. This high 

input bias current causes an offset error in the reference ladder which 

depends on the value of source resistance. This resistance cannot be made 

very low as the voltage reference should not he loaded too highly. With an 

adjustable reference ladder the effect of input bias current can be nulled. 

However the input offset current cannot. Therefore a device with a low 

input offset current ivas chosen. The CMF-OI chosen has an input offset 

current more than 1000 times less than the 710. 

The high gaJ.n and freedom from oscillation are required particularly 

for the lower levels. The comparator should switch with a couple of 

millivolts overdrive" and be free from latch-up~ Circuits such as ECL sense 

amplifiers are available which are very fast and high gain but do not 

have the freedom from oscillation of the CMP-OI, or the connnon mode 

range etc. 
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The wire or'ed output is optional but reduced the encode circuitry 

propagation delay by one gate and made the circuitry simpler. Although it 

would have been possible to use cheaper comparators for the less critical 

higher levels, the same comparator, CMP-OIC by Precision Monolithics was 

used throughout. 

The input offset voltage of the CNP-O] 1-8 typically 0,3mv. This is 

about 10% of that of the LM 3] I and 710 comparators. Although this offset 

is nullable on the CMP-Ol and LM 3]1 comparators it was felt that this was 

not necessary for the CMP-OI and thus helped to simplify layout of the 

circuit. The lower cost of the cheaper comparators would have been offset 

by the cost of the nulling potentiometer. 

4.2.3 Volt~ge Reference Ladder 

In order to have stable operation the source impedance seen by each leg of 

the comparator should be equal and as low as possible. For the CMPOIC the 

input offset error is independent of source impedance below 5 k~, but the 

error increases rapidly beyond this value. 

A voJtage ladder with series resistors as In a conventional voltage 

divider would not be able to match source impedances and would result 1.n 

errors and likely oscillations. A voltage ladder in an R-2R form has a 

uniform source impedance at each node of R and a 6, 02dB spacing between 

levels. Thus in order to get 3,OldB intervals two ladders were spaced 

3,OldB apart. This is shown in fig. 4.2.3 for the positive side of the 

converter. A similar circuit was used on the negative side. Splitting the 

ladder into two has the effect of separating the odd and even levels. This 

is an advantage in the encoder since all the odd levels contribute only to 

the least significant bit in gray code, and the even levels contribute to 

the rest of the bits. 

A bipolar voltage reference was designed US1.ng the REF-OI voltage 

reference IC. This IC has a very stable +lOV output which 1-5 mirrored 

using an op amp to -IOV to provide the negative reference. The output 

current of the Ie is increased using series pass transistors to provide 

enough drive for the ladders (4 off). The measured stability of the 

positive and negative references was less than 0,01% after a few minutes 

warmup, using a FLUKE 4~ digit~ multimeter. The circuit is given 1.n 

Appendix 4. 

In order to get accurate thresholds very high precision resistors would 

be required or at least matched resistors. This problem was overcome by 
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using trimpots to obtain the accurate values. This was cheaper than having 

precision resistors made. 

A value of R = lk.Q.. was chosen for the ladder network being a balance 

between the drive capabilities of the sample and hold and the low value of 

source resistance preferred for the comparator. 

The bias current for each comparator causes an error ~n the voltage 

ladder which is cumulative and mirrored in the ladder 2R resistor. This 

error is a maximum at the highest threshold of the ladder. However this 

error can be eliminated ~hen calibrating the AID by adjusting the reference 

ladder in circuit. 

4.2.4 Circuit Layout 

Some general rules for wide bandwidth signals were used 1n the layout: 

1) Keep analogue and digital signals apart as far as possible. 

2} Use a ground plane to reduce stray capacitance between inputs and 

outputs. 

3) Keep the comparator inputs and outputs away from each other. 

4) Use decoupling capacitors at each comparator. 

5) Keep signal paths as short as possible. 

The circuit was laid out using each of the above guides and was aided 

by the fact that all odd levels were fed by a separate reference ladder and 

were all used only to encode bit 0 (LSB) , while all the even levels were 

used for encoding the other bits. The encode gating was reduced to a path 

length of only two gates by uS1ng wire-ored logic. This helped marginally 

to decrease the conversion time. 

The flash converter circuitry occupied an area of 190 x 285 mm. The 

sample and hold board was 95 x 190 mm and was mounted alongside the 

converter on a 38J x 381 mm board which included the DMA interface and 

fitted into the top slot of the minicomputer. 

The ! lsV supply for the analog circuitry was fed from a separate 

supply \.;hich helped to reduce noise on the power rails of the analogue 

circuitry. 

4.2.5 Interface Design 

An introduction to the methods for interfacing to NOVA minicomputers was 

given in section 3.3.3. From the speed limitation of programmed transfers 

it was decided to use direct memory access or data channel transfers. 



- 52 -

These data transfers differ from the programmed transfers in that they 

require no software to drive the transfer. The interface addresses the 

memory directly while the CPU temporarily stopped. As soon as the transfer 

is complete the CPU is released and continues processing. The data 

transfer ~s therefore transparent to the program being run. The interface 

steals a cycle to transfer the sample into the minicomputer. Typically 

each transfer takes 1,2 microseconds which is shorter than any instruction 

except the JMP instruction. At 280kHz sampling rate this will reduce 

program execution speed by 16,8%. 

Since the interface ~s in control it has to generate success~ve 

addresses for the data storage and know when to release control at the end 

of the transfer. This is done by using two counters which are preset to 

the starting values: 

1) Address counter which counts up the addresses. 

2) Block counter which counts down the number of words transferred. 

The interface ~s shown ~n a block diagram ~n fig. 4.2.3 and operates as 

foll01l]s. 

1) On start up it ~s cleared and sits ~n an idle state. 

2) The address and block size counters are preset using programmed 

transfers. 

3) The transfers begin at the rate of an external clock on the receipt of 

a START pulse from the sound source. 

Note Once the converter is receiving a clock pulse it does 

convers~ons which are clocked into the interface but it is not until a 

START signal is received that the values are stored in memory. 

4) For every word transferred the address counter is incremented and the 

block counter decremented until it reaches zero. 

5) When the block size counter reaches zero all the data has been 

transferred and the interface releases control of the CPU. If the 

data transfer rate is slower than maximum, the CPU will be released 

between each transfer. In order to get maximum storage area for data 

in core, all of the memory is used except that occupied by DDOS. So 

the program running at the time of the transfer ~s the keyboard input 

routine of DDOS. Since the transfer of data is so quick it is not 

necessary to signal when transfer is complete - it will always be 

complete in less than half a second. 
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6) The data 1n memory 1S then copied onto diskette in a binary image of 

the core using the IMAGE cormnand of the operating system. See section 

5.6.4. 

7) The BASIC language and program is then loaded and the data analysed. 

(This step may be skipped until a number of measurements have been 

made and stored on diskette.) 

The interface does not require the normal BUSY and DONE flip flops 

associated with prograrmned transfers in order to preset the counters 

because the data may be transferred into the counters at any time (they are 

always DONE). Ports A and B are used for the block S1ze counter and 

address counter respectively and the device code is 44 (octal). The full 

circuit is given in Appendix 4. 

The interface was given a lower priority than diskette transfers which 

also use the data channel. This prevented any spurious interuppts from the 

LAD of diskette I/O's. For this reason no diskette I/O's could be 

attempted while the measurement is being taken or else samples would have 

been lost, 

4.3 Calibration and Testing 

The interface was first built and tested without the converter to ensure 

that it was correct. The samp\e and hold, log A/D and interface were all 

built on a J5" x J5" circuit board which fitted into the main frame of the 

NOVA 1200. The layout of the board is given below in fig. 4.3.1. 
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The voltages selected for the levels are shown below ~n Table 4.3.1. 

Negative values are the same as the positive ones. 

level voltage (volts) level voltage (volts) 

18 5,000 17 3,536' 

16 ·2,500 15 1,768 

14 1,250 13 0,889 

]2 0,625 J I 0,4419 

10 0,3125 9 0,2210 

8 0,1563 7 0, 1105 

6 0,0781 5 0,0552 

4 0,0391 3 0,0276 

2 0,0195 0,0138 

Table 4.3.] Theoretical Voltage levels of Quantiser Thresholds 

Since the voltage reference ladder was built using trimpot resistors it 

was necessary to calibrate the ladder and to test the functioning of the 

converter prior to its use in acoustics modelling work. The following points 

\.Jere checked. 

1) The accuracy of the levels set on the voltage ladder. 

2) Required overdrive for comparators to switch. 

3) Noise levels of converter. 

4) Dynamic performance of converter. 

The levels were set up us~ng a dc signal fed into the sample and hold. 

The level of each threshold was adjusted until the comparator was on the 

verge of switching. Since the adjustment of each threshold has a slight 

effect on the others a few iterations were required before the levels were 

within 0,1% or O,J mV whichever is greater. 

In order to check the dynamic switching and the required overdrive for 

switching to occur, the converter was tested using a small-signal square wave 

whose dc offset was varied so that it was equal to the threshold at each 

level giving a small overdrive in each direction. The comparators were 

saturated (i.e. no oscillation occurred) with less than 5mV overdrive for 

each level. 

The noise level of the converter was checked by applying a zero volt dc 

signal to the converter (and sample and hold). The noise performance was 

poorer than expected since the lowest level of the converter switched 

occasionally with no signal present. This was due to the high amount of 
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switching no~se ~n the computer and improved if the converter was removed 

from the computer. Nevertheless the converter was still capable of 

handling a signal vlith a dynamic range of greater than 50dB. 

In addition to the above tests it is possible to test the accuracy of 

the converter using a deterministic signal which has a similar form and 

amplitude distribution to the signal which would be used in practice. A 

suitable signal ~s a B wave or decaying sinusoid. 
-at 

v - (4.3.1) 

The signal can be obtained us~ng the ringing of a pulse generator which 

IS underdamped and removing the dc component to leave just the ringing. 

The signal obtained by this method was too noisy for measurement purposes 

and so was only used qualitatively. Hm,Tever the mean square value of this 

integral can be determined since 

2 
v 

1 -at . 2 S'T ., 

T 0 (Voe s~n wt) dt 

Integrating by parts we get 

2 v 

- (4,3.2) 
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ft 

which can be compared for a known value of V, a, 

obtained using the statist-ical average (2.5.8). 

-

- (4.3.4) 

- (4.3.5) 

wand T with the value 

The reconstructed 

waveform of a sampled Bwave is given in fig. 4.3.2. 
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5. EXPERIMENTAL WORK 

5. I Description 

In order to. verify the working of the LAD and to check the software 

accompanying the converter the converter lims tested in an acoustic scale 

model. The high speed LAD was used to measure the EDT, IRT and RT of a 

1/8th scale model of the reverberation room at the university. An electric 

spark source was used to excite the model. The signal was picked up by a 

* inch condenser microphone filtered and amplified and fed into the log 

converter. The samples from each measurement \.;rere stored in memory then 

transferred to diskette and later analysed using Schroeder's Method for 

calculating the decay curve. 

The experiment ~.;ra~, repeated 1.n octave intervals from 1kHz. However the 

results for frequencies above 63kHz were not usable due to air absorption 

and microphone directivity. 

The decay curves were plotted directly on a plotter V1.a two D/A 

converters in the acoustics rack. 

The experiment was conducted in an air-conditioned environment so that 

the temperature and humidity were controlled. Readings of temperature and 

humidity were taken and used to calculate and correct for the air absorption. 

The correction of air absorption is discussed in section 5.5. A diagram of 

the experiment 1.S given in figure 5.1.1. 

5.2 The Model 

The model of the reverberation was constructed 19mm chipboard with a 

mahogany veneer. This had been treated with a few coats of varnish to 

1ncrease the high frequency reverberation. The model has been previously 

tested using an interrupted noise method and impulse source method (46). 

The results of the previous test are shown below in figure 5.2.2. The roof 

was removable for positioning instruments. 

Day (22) found that a single coat of paint over 9mm plywood ,.;ras 

representative of a plastered wall. Harwood and Burd (4) used a reverberation 

room made of smooth 13mm steel plates and simulated a plastered wall 1n 

another experiment using laminboard varnished with polyurethane. It 

appears that any smooth, rigi~ and non-porous surface will provide a 

reasonable similarity to a plastered wall. The full size reverberation 

room is shown developed in figure 5.2.1. 



Fie;ure 5.1.1 Expp.rimental Setup 

5.3 The Sound Source 

The sound source consisted of the spark discharge of a 4 F capacitor 

charged to approximately 2kV. The source is described in appendix 5. The 

electrodes were positioned in the corner marked 'X' in figure 5.2.1 being 

the usual position of the loudspeaker in the full size room. 

5.4 Microphone and Amplifiers 

The microphone used was a B+K ! inch condenser with a UA0035 adapter and 

B+K 2619 cathode follower preamplifier and was placed in the centre of the 

room. 

The preamp was connected to a B+K 2606 measuring amplifier which was 

used to scale the signal to the range of the LAD. The output of the 

measuring amplifier was also fed to an oscilloscope for adjusting the level 

of the signal. The signal was filtered using a B+K 1614 filter set 

connected to the measuring amplifier and has octave filters up to 125kHz 

and third octave filters up to 160kHz centre frequencies. 

This microphone and amplifier combination gave a signal dynamic range 

which exceeded 50dB for the whole range under test. This is shown 

graphically in figs. AS. I and A5.2 and summarised in the table below. 



Figure 5.2. I Developed Diagram of the Reverberation Room 
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r , 

I 
I 

I 
Before 

I 
Brush Spray i Spray I 

Frequency Varnishing Varnishing Varnishing Varnishing I 
kHz (ImpUl~ 

-

5,04 198 301 407 I 431 j 
I 

I 
Reverberation Times (RT) (msec) 

6,4 199 292 366 400 

8,0 154 250 324 350 

10,0 161 253 273 I 290 I 

)2,8 135 203 263 I 251 

16,0 121 177 229 220 

20,0 108 178 187 204 I 25,2 95 142 162 173 

32,0 93 126 130 152 

40,0 79 12 I 1 13 108 

50,4 89 98 99 I 106 

64,0 81 87 86 97 

80,0 70 78 74 81 

100,0 75 SI 71 SI 

Dry Bulb 
SOoF 76°F 73°F 73°F Temperature 

\{et Bulb 
Temperature ° 60 F 61°F 62°F 62°F I 

Relative I Humidity 347, 45% I 57% 57% j i 

Figure 5.2.2 Reverberation times of 1/8th scale model (47) 
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Octave band 
Centre Ik 2k 4k 8k 16k 31,5k 63k 125k 

frequency 

Impulse sound source 

Output at 30cm SPL 87 90 96 96 97 101 92 87 

Hicrophone & 
amplifier noise SPL 35,5 33 32 31,5 32,5 34 34 36 

Dynamic Range dB 51 ,5 57 64 64,5 65,5 68,5 58 51 
-----" 

Table 5.4. I Signal and Noise Levels of Hicrophone and Amplifier 

5.5 Air Absorption 

The absorption of sound Ln aIr IS normally neglected In reverberation time 

calculations because the effect IS negligible at normal frequencies. In 

modelling work the effect is too large to be ignored and must be either 

corrected by treating the air or compensated for in the calculations. The 

latter method was chosen in this study. 

The absorption of sound in air is due to two basic mechanisms known as 

classical and molecular absorption. Classical absorption arises from 

viscosity and heat effects J.n the air and cannot be controlled. It IS 

proportional to the square of the signal frequency and so increases rapidly 

with frequency. Holecular absorption IS due to the relaxation energy of 

oxygen and is catalysed by the effect of water vapour in the air. The 
~ 

total absorption m is given bi 

m m + m total class mol 
(5.5.1) 

Monk (41) has proposed the following relation for molecular aIr absorption. 

= 1,25 mmol x 
fmax 

'~(~ma~ -)2 
f 

where f is the frequency of the sound in Hz. 

and fmax 175h + 6140b / 1,12 + h ')" 
\\IO,4+h 

and h absolute humidity 

exp (21,048 - 5328,4/(t + 273») 
760 

where t = temperature in °c 
rh% = relative humidity In per cent. 

The classical air absorption IS given by 
m = (330 + 0,2t £2 

class 1012 

- (5.5.2) 

- (5.5.3) 

- (5.5.4) 

- (5.5.5) 

Figures calculated using these relationships have been found by Winkler 

(42) to agree with practical measurements. 
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These values can be used to correct the measured reverberation times 

according to Millingtons formula. 

T 
meas 

0,163V 
$~, + 4mV 

The values are then corrected for zero air absorption by 

T T 
corrected meas~~ed 

4m 
0,163 

- (5.5.6) 

- (5.5.7) 

A table of values ofO,J63 correction factors is g1ven for var10US 

frequencies below (at the values of temperature and relative humidity 

actually recorded during the experiment). 

Table 5.5. I 

r--'---" 
I frequency 
I 

.. " .- ,. "--'-----l 
(kHz) 4m 

--------.-. -' .. -'-'-1-----
0, 163 ~ 

1 

2 

4 

8 

16 

31,5 

63 

125 

Correction 

I 
I 
I 
I 

i 

----'._--
factors for a1r 

0,0049 

0,0172 

0,0785 

0,3117 

1,2] 2 

4,292 

13, 107 

31,445 

absorption (t 
o 

21,7 C, RH 70%) 

For values of TR of 0,5 seconds at frequencies of 16kHz and above 

the correction factor exceeds 5% and increases rapidly with frequency 

showing the necessity for correction. At the same frequency the effect 

of air absorption is greatest with long reverberation times because the 

a1r 1S responsible for most of the absorption. This means that the effect 

of air absorption in modelling of auditoria etc. wi.ll be less pronounced 

than in this study. 

5.6 Description of Software 

The prograrmning which does the integration and display of data was all done 

in BASIC. This language has the advantage of being easy to use and debug 

because it ]S interactive. The main disadvantage is the fact that the 

language only interfaces to a terminal and cannot interface to AID 

converters etc. This has heen overcome in a version called C5BASIC 

(204,205) which allmvs the program to have assembly language subroutines 

and to transfer data between the program and the subroutines. A fuller 

description of the C513ASIC package is given in Appendix 2. 
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The package also allows for data to be stored on diskette but this part 

of the package was not used as the package and data would need to memory at 

the same time as the data. Instead the data was stored using the IMAGE 

command of the DDOS and special call drivers (assembler subroutines) were 

written to access the data from the binary files on diskette. This allowed 

all the memory except the DOS resident area to be used for data. 

The n'lAGE cOTIUDand is normally used to store binary programs on diskette. 

It stores a binary image of the data in a binary file on the diskette. The 

IMAGE cOTIUDand is discussed in section 5.6.3 and the IMAGE file format is 

discussed in section 5.6.4. 

The call drivers are called from C5BASIC using the CALL command. The 

format of the command is 

NNN CALL "NAME", 'iP 1, P 2, P 3 .... 

where NNN is the line number of the BASIC program. 

"NAME" is the driver name enclosed in inverted commas. 

PI, P2, P3 are parameters passed to and from the driver. 

The call drivers are linked to a standard package of drivers and 

appended to the BASIC interpreter. So in order to do other integral square 

or even correlation measurements it 1.S only necessary to change the BASIC 

program and not any of the call drivers. Below is a description of the 

BASIC program called "LADEXER" and the call drivers it uses. Listings are 

in Appendix 3. 

5.6.1 LADEXER Program 

All the software used in the experiment was incorporated into one BASIC 

program incorporating a number of call drivers. The program operates in a 

dialogue between the computer and user and executes in the form of a menu 

of subroutines as shown in the flowchart figure 5.6.1. 

The call drivers contain some common data and therefore are interactive. 

The ma1.n connecting link is the data file pointer. This pointer is left at 

the last point + ] after execution of the call driver but can be reset by 

calling option number three at any stage. This feature was found to 

be useful when plotting data or results as it enabled suitable breakpoints 

to be inserted. The various subroutines and notes on their use are 

described in the following sections. 

5.6.2 Map of Core 

This program uses call driver "CORMAP" and fetches the following values 

from DDOS. 

1) First storage \vord available above BASIC program. 
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2) Number of protected words at the top of core (operating system). 

3) Size of core. 

From these values the program determines the maximum data storage area 

available 1) if the BASIC program is not overwritten and 2) if all 

available core, with the exception of the operating system, 1S used. This 

subroutine uses the pseudo function GETC to fetch the system parameters. 

This is supplied in the CSBASIC package. Since the program LADEXER 

currently only calculates RT, EDT, IRT it 1S likely that this program would 

be extended to cater for other criteria. If the program is altered at any 

stage the driver "CORMAP" will use the changed length of the program and 

adjust the area available for data storage. 

5.6.3 Prime Interface and Exit to DDOS 

The DMA interface has two counters, the address counter and the block S1ze 

counter. The address counter must be loaded with the first address at 

which data will be stored (normally just above the program itself). The 

block S1ze counter must be loaded with the number of words to be stored. 

This is half the number of samples taken because the data is packed two 

samples per word by the interface prior to transfer. This subroutine calls 

for values of start address and number of words from BASIC. No checking is 

done on the legality of these values and the user is recommended to use the 

values given in the map of core above or fewer samples. 

The routine then primes the controller with these values. The format 

of the IMAGE command 1S 

IMAGE (filename, start address, end address) 

where filename is the name of the datafile e.g. DATA 

start address is the start address of data in octal 

end address is the end address of data in octal. 

It is inconvenient that these addresses are in octal as all other 

numbers are decimal so the program computes these octal values based on the 

values of start address and number of words entered above in decimal. 

These values are then displayed in the format of the IMAGE command so that 

all the user has to do is copy the sample command displayed on the screen. 

Having completed this the routine returns to DDOS since the next 

operation in the experiment is to take the samples with the LAD. After the 

samples have been taken and lMAGE'd onto diskette the user can either just 

restart or recall the LADEXER program and analyse the data or prepare more 

data. 



- 64 -

5.6.4 Open Data File and Restore Pointer 

This routine opens the file DATA which was created and filled by IMAGE and 

resets pointer to the first sector. This routine can be used to reset the 

pointer at any stage in the experiment. 

The normal file storage facilities in C5BASIC were not used as their 

data format· was not compatible with IMAGE and would also have required both 

C5BASIC and a BASIC programme to be present in core taking up storage 

space. The format of a data file stored with the L'1AGE command is as 

follows: 

BYTE 

BYTE 2 

BYTE 3 

BYTE 4 

BYTE 5 

BYTE 6 

BYTE 7 

BYTE N + 6 

BYTE N + 7 

BYTE N + 8 

BYTE N + 9 

BYTE N + 10 

high order number of data bytes in file 

low order number of data bytes in file 

space (32) 

null (~) 

same as byte 

same as byte 2 

first data byte 

last data byte 

null 

null 

128 

null 

The command to open the data file DATA will open the file and bump the 

pointer over the header so that it points at the first data byte, and 

returns the number of data bytes in the file (note: excluding header and 

trailer bytes). .. 

5.6.5 Calculate Integral Square of Data 

This routine integrates the data values according to the table look-up 

method and stores the accumulating integral at various points along the 

way. Up to ]024 such values may be stored. These values are then used 

together with the final integral to determine the decay values according to 

Schroeders method. Note: After completing the integral square the data 

pointer is left at its current value. 
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5.6.6 Print 

This routine is primarily used for testing purposes and can print either 

1) sampled data (values between -18 and +18) 

2) values of the accumulating integral square 

3) decay values in dB. 

The routine leaves the data pointer at its current position on 

completion. This has two advantages 

1) It enables more than 1024 values to be handled simply by 

recalling the routine (C5BASIC limits the size of an array to 

4 x 256). 

2) It enables the user to position the pointer at any position and 

continue from there. 

5.6.7 Plot 

This routine plots either the data values themselves scaled ~n 3dB 

increments - for reconstruction of the signal, or the decay values enabling 

a reverberation decay to be plotted. The time scale may be varied by 

changing the number of samples per integral (variable AI) in the routine 

which calculates the integral totals. 

The routine will also plot the ax~s marking off values at 10dB intervals. 

A calibration program for the plotter was written and drew full scale 

rectangles on the paper allowing the plotter to be calibrated. This 

program was called "PLOTSETAID" and used the call driver "XYPLOT" which may 

also be called in keyboard mode to check the plotter settings. 

5.6.8 EDT and IRT Estimates 

This routine calculates the time taken for a lOdB signal decay (EDT) or 

ISdB (rRT). The routines do not do a least squares fit on the data but 

merely calculate the value as a straight line between two points. For a 

more accurate estimate the least squares calculation was used. Since the 

first bit of the decay can still be a process of sound buildup the starting 

point of the value can be varied ~n the program i.e. to start only from IdB 

or 1,5dB below zero. In the actual experiment this was not found to be 

necessary. This is probably due to the very short duration of the sound 

excitation impulse. 
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5.6.9 Least Squares Fit 

This routine will fit the best straight line us~ng a least squares 

regression to a section of the decay curve. This routine can therefore be 

used to calculate least squares estimates of EDT and IRT values and is the 

preferred method. All the values quoted in this report are least squares 

estimates over the given range. 

5.6.10 Close data file and exit to DDOS 

This is the correct way to exit the program as it first closes all files 

before returning to DDOS. Merely halting the machine at the end of the 

experiment can result in a file becoming permanently opened and hence 

inaccessible. 

5.7 Experimental Results 

The experimental results are shown in table 5.7.1. This shows 3 readings 

taken at each octave frequency. The values of EDT, IRT and RT were 

evaluated using least squares regresssion. Since the reverberation decay 

was less than 60dB the RT was estimated over 25dB of the decay. 

The temperature and relatt,ve humidity were recorded for calculation and 

correction of air absorption on the reverberation time. 

The corrected values of EDT, IRT and RT are shown ~n table 5.7.3 and 

are plotted on a graph in figure 5.7.1. Also plotted on the same axes are 

measurements done by the author previously in the full size room (44) and 

those by Richards (45) using a level recorder and interrupted noise source 

in the same room. The results for the model were scaled up by a factor 8 

and the frequencies scaled down on the graph for comparision \.,ith the 

measurements done in the full size room. 

The results show a good correlation between the values of RT obtained 

with those obtained previously for the model and also with the scaled times 

from the full size room. The reason for the discrepancy with the results of 

RICHARD'S (45) may be due to his using a visual estimate of the slope of 

the decay curve. 

5.8 Absorption Coefficient Measurement 

The absorption coefficient of the surface of the reverberation room model 

can be calculated from Millingtons formula for reverberation time (5.5.6) 

to give 

V (0,163 _ 4m) 
S T 

- (5.8.1) 
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EDT IRT RT 

fact (kHz) (kHz) ( I OdB) ( 15dB) (25dB) 

19,97 0,371 0,418 0,455 

0,372 0,418 0,449 

0,361 0,421 0,457 

2 19,97 0,352 0,365 0,444 

0,358 0,371 0,458 

0,350 0,365 0,444 

4 49,96 0,371 0,399 0,469 

0,381 0,403 0,496 

0,396 0,408 0,500 

8 49,96 0,359 0,369 0,386 

0,358 0,372 0,391 

0,360 0,371 0,397 

16 ]00,08 0,242 0,230 0,254 

0,241 0,231 0,250 

0,244 0,237 0,255 

31 ,5 200,1 0,136 0,121 0, 125 

0,133 0, 121 0, 124 

0, J 34 0,122 0,125 

63 199,8 0,055] 0,0601 0,0608 

0,0563 0,0614 0,0604 

0,0547 0,0597 0,0615 
o. 

temperature 21,7 C 

relative humidity 70% 

Table 5.7.1 Uncorrected Reverberation Times --

frequency m (total) m (mol) m (class) 

(kHz) (m) (m) (m) 

0,0002 0,0002 0,0000 

2 0,0007 0,0006 0,0001 

4 0,0032 0,0026 0,0006 

8 0,0127 0,0103 0,0024 

16 0,0494 0,0398 0,0096 

31 ,5 0,1749 0, 1397 0,0370 

63 0,5341 0,3859 0, 1482 

125 1,2814 0,6981 0,5833 

40 0,2644 0,2044 0,0597 

80 0,7386 0,4997 0,2389 

Table 5.7.2 Values of Total air absorption at various frequencies 
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EDT IRT RT 

foct 10dB I5dB 25dB 

1kHz 0,372 0,419 0,456 

0,373 0,418 0,450 

0,361 0,422 0,458 

2kHz 0, 35,~ 0,367 0,447 

0,360 0,374 0,462 

0,353 0,368 0,447 

4kHz 0,382 " 0,412 0,486 

0,393 0,416 0,516 

0,409 0,421 0,521 

8kHz 0, L,04 0,418 0,439 

0,404 0,420 0,445 

0,405 0,420 0,453 

16kHz 0,343 0,319 0,366 

0,341 0,321 0,359 

0,31+6 0,332 0,368 

31,5kHz 0,325 0,252 0,269 

0,309 0,251 0,265 

0,317 0,256 0,269 

63kHz 0, J 98 0,284 0,300 

0,215 0,314 0,291 

0,194 0,275 0,317 

Table_2:2:}_~DT , I~T , & RT values corrected for a1.r absorption 

This formula was used to calculate the absorption coefficient where T is 

the reverberation time actually measured and m is the total air absorption. 

The resulting figures are plotted together with figures obtained by Day 

(22) for varnished 9mm plYHood in figure 5.8.1. 

The results show a good correltation with Day's results except at 

approximately 3kHz. However the peak in Day's curve is most likely due to 

a peculiarity in the surface or porosity of Day's plywood. The results, 

when scaled, also correspond well with the absorption coefficients for a 

plastered wall from Parkin 8, Humphreys (49). 
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6. DISCUSSION OF RESULTS 

6.1 Performance of LAD 

The LAD designed performed well ~n tests using s~ne and square wave 

inputs and with a total conversion time of 2,5 microseconds can be 

used at sampling rates up to 400kHz which far exceeds the requirement 

for modelling work. 

The noise level ~n the converter was higher than predicted and resulted 

~n errors at the lowest threshold of the converter. This was due to 

the noise of the computer circuitry in close proximity with the converter. 

If it is necessary to improve the dynamic range of the converter it will 

be necessary to remove the converter from the computer. Further shielding 

of the converter within the frame of the computer is not feasible. 

Since the LAD was designed for acoustic modelling work, most of the 

signals used with it would have a gaussian or similar amplitude distribution. 

A typical signal would be a white no~se source or an electric spark impulse 

sound source. It is difficult to test the LAD using these signals as 

they are not deterministic and cannot be repeated. For this reason the 

LAD was tested using the bwave or decaying sinusoid. Figs. 4.3.2 and 

4.3.3 show the reconstruction of the bwave and the corresponding decay curve. 

This is an end to end test for the LAD and the results show that it 

performed well. The length of the straightline portion of the decay 

has been shown to be an indication of the dynamic range of the signal (41) 

and this exceeds 45dB for the bwave signal. 

6.2 Decay Curves 

The decay curves shown ~n Appendix 1 were plotted on A3 paper and reduced. 

The time length of each sample was varied by varying the number of 

samples per data point in the decay. Each decay represents 1000 data 

points, so by varying the 'number of samples per integral' the decay 

plots were arranged to fill the page. 

Each page shows three different events superimposed on each other. 

Due to triggering differences there are time shifts between the decays 

but disregarding these the decays are highly repeatable. This means 

that the fluctuations in the decay are not due to the randomness of the 

signal or errors in conversion but to the properties of the room. The 

length of the straight line portion of the decay is at all times in excess 

of 30dB which is as good or better than was obtained previously using 
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a slower speed LAD ~n the full s~ze reverberation room (44) and is 

similar to results obtained by Gerlach (15) using a taped response 

and slower analysis. 

A fall-off in the repeatability of the decays can be seen at higher 

frequencies but this is within tolerance up to 63kHz. The stepped nature 

of the higher frequency decays cannot be explained without further 

testing but could be due to one or more of the following: 

1) the directionality of the microphone at higher frequencies; 

2) alr absorption; 

3) interference from the sound source. 

In a further study it would be possible to isolate the cause of the 

stepping in the decays by varying the microphone position, flushing with 

nitrogen and shielding the sound source with a gauze cage. 

The results for 125kHz were not considered usable for reverberation 

calculations due to the stepp,d nature, but still were repeatable. 

6.3 Reverberation Time Measurements 

In v~ew of the fact that increasing importance ~s being placed on the early 

part of the decay values of EDT and IR1' were calculated as well as those 

of RI. The reverberation times (RT) were calculated over the first 25dB 

of the decay throughout the experiment. It is possible to estimate the 

reverberation time over a longer section of the decay in most cases but 

a uniform figure was decided on. 

When compared with previous measurements of reverberation time In the 

full size room there is a reasonable correlation. Brebeck (3) has stated 

that differences in reverberation time varying from 8 to 20% are inaudible 

so that the model represents the room as measured by the author previously. 

The times also agree very well with those of Robson (47) in a previous 

test of the same model as used 1n this test. The times quoted by 

Richards (4;) were done using the interrupted noise decay and were 

measured manually from the chart recordings. The errors in that test 

were therefore a lot greater and would probably account for the high 

values obtained. 

6.4 Absorption Coefficient Measurements 

The absorption coefficients of the wall surfaces of the model reverberation 

room agree well with those determined by Day (22) and correspond well 
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with the values of absorption coefficient for a plastered wall surface (49). 

The detennination of a variety of absorption coefficients of modelled 

surfaces can be made easily in the reverberation room model and calculated 

from the empty reverberation 
I 
T 

1 

room time as 

T 
e 

- (6.1) 

Note that (6. 1 ) involves the subtraction of the two reverberation times 

of the empty room (Te) and the room with a sample of area SI with 

coefficientOG j • In order to reduce the error of subtracting significance, 

the area of the sample should be as large as possible. In model work 

it is often feasible to treat the entire surface of the model interior, 

giving very much more accurate results. This was done by Day (22) for 

reflective surfaces because the differences in reverberation time are small 

and is recommended in all model work. 
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7. CONCLUSIONS AND SUGGESTIONS 

7.1 Conclusions 

With the design of the 1,AD the range of digital acoustic measurements 

has now been extended up to the limit of available transducers, the 

limiting factor now being the microphone. 

The use of a statistical averaging technique combined with that of 

logarithmic quantisation and a computer interface has provided an acoustic 

measuring technique with high accuracy and repeatability even at the 

high frequencies required for modelling as well as the versatility to 

be able to calculate a variety of criteria from a single measurement. 

Although the system was shown only using the criteria of EDT, IRT 

and RT, the addition of other criteria are simple. They require only 

that additional program ... '1ling is done in BASIC as all the impulse integrating 

software has been written and included ln the package PACK and are 

available for use in other BASIC programs (see Appendix 2). 

The results of the decay curves show that the modelling technique 

gives a good correlation with results ln a full size room when corrected 

for air absorption and is therefore a useful design tool. 

7.2 Suggestiolls for further work 
--- -----.--------.-

The pxtension of this measuring technique up to acoustic modelling 

frequencies now opens the way for further work in modelling. In 

particular the following studies would be useful: 

1) Study of alr absorption - With the increased accuracy afforded 

by this method, more accu~ate tables of air absorption could be 

drawn up enabling better high frequency modelling. 

2) Extension of the software to include other early energy and 

clarity indices - This study would enable a comparative study 

of the usefulness and application to modelling of each of the 

indices to be done. 

3) Measurement of microphone directivity and its effect on reverberation 

5) 

calculations - As this appears to be the cause for the stepped 

nature of the decays it may be possible to reduce its effect by 

rotating the microphone about its position and combining the results. 

The use of a nitrogen atmosphere - This study would show whether 

the extra effort of reducing air absorption is actually required. 

A study of diffuser placement in the reverberation room - This 

study ,",auld enable the study of a number of diffuser positions to 

be studied at low cost and in short time. 
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6. Comparative library of absorbent materials - Before any design 

work is tackled it is necessary to build up a library substances 

which effectively model various wall and floor treatments. 

7. Modified interface for long event times - Although unlikely it 

may be necessary to measure longer reverberation times than the 

memory capacity permits. This can be accommodated by modifying 

the interface as follows. 

i) Change data channel mode to increment memory instead of 

transfer to memory. 

ii) Use data bits as lower five address bits. 

iii) Page up the more significant bits for each point required 

on the integration curve. 

This is effectively doing some of the integration in hardware and 

so will only allow integral square measurements and will also 

require software modifications. 
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APPENDIX 1 

Reverberation decay plots of reverberation room model at vor10us 

octave frequencies up to 125kHz. 
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APPENDIX 2 

C5 BASIC Call Package (204,205) 

Introduction 

This package was written as an extension to Data General's Single 

User BASIC version 03 by Gordon. The package allows the use of 

assembler language call drivers or subprograms in BASIC programs. 

Data may be passed betvJeen the call drivers and the BASIC program. 

This therefore enables BASIC to be used to communicate with devices 

other than a keyboard and to store data ~n a file. The call drivers 

must be written in relocatable binary form and have a fixed leader 

and trailer format. Once assembled the relocatable binary files are 

linked together to form one file which when loaded together \\lith the 

standard BASIC will form C5 BASIC. A distinct advantage of C5 BASIC 

is that the call drivers can be tested interactively from the keyboard, 

and BASIC programs are easily modified. 
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2. FORMAT OF CALL DRIVERS 

2.1 BASIC call statement 

The BASIC statement used to call a driver has the following format. 

NNN CALL 

where NNN 

"Ni\ME" 

PI, P2, P3, ... 

"NAHE" , PI, P2, P3, ......... . 

~s the line number of the BASIC program. If the 

line number is not present the statement will be 

executed in the keyboard mode i.e. the call driver 

wi.ll be called immediately on a carriage return. 

h .. '0 2 16 ) ~s t e ASCII str~ng or ~nteger numher (n -I 

by which the driver ~s identified. It may be either 

a number or an ASCII string surrounded by quotes. 

are parameters passed either to or from the BASIC 

program. The number is limited to the number that 

can be fitted into a line in BASIC and the transfer 

of arrays is not permitted. When the parameter is 

being passed to the BASIC program it must be a 

variable name. 

When the parameter ~s being passed from the BASIC 

program it may be a variable name, or a numerical 

value. 

The numbe~ of parameters ~n the list must exactly 

match the number catered for in the call driver 

c:therwise an error message \vill be generated. The 

parameters are treated in the sequence in which they 

are encountered in the call driver. 

2.2 Format of the call driver 

The format for the driver is as follows. 

.NREL 

. TXTIl 

.ENT 

must be relocatable 

bytes packed left to right 

entry points separated by commas 



(see note 

(see note 

(see note 

(see note 

(see note 

(see note 

START: 

NEXT 

. END 

Note 

1 ,3) 

2,3) 

3) 

3) 

3) 

3) 

1. 

.EXTN 

t,EXT 

. TXTF "NAME" 
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external normals, all pseudo 

functions used must be declared 

here separated by COI!l.T[laS 

address of last word + 1 of driver 

address of initialization routine 

address of termination routine 

address of powerfail restart routine 

interrupt device code 

address of interrupt serv~ce routine 

new mask word 

name of call driver 

start of coding. 

If it is necessary to do any coding before any driver 

routine then the initialization routine may be useful 

e.g. to save accumulators and open files. 

2. Likewise and usually in conjunction with an initialization 

routine the termination routine may be used to restore the 

CPU to its previous state. 

3. If, as in all the drivers used in this work, there are no 

routines then the respective routine addresses should 

be replaced hy -1. 

Drivers may be written singly as abuve or may be concatenated into 

one program. This allows a common data-base betHeen the drivers and can 

save unnecessary data transfers to and from BASIC. Another advantage of 

concatenating drivers is that they can share common service routines e.g. 

initialization and termination. 

Below is the format for concatenated drivers. Note how the last 

addressed + I are chained together . 

. NREL 

. TITL optional 



.ENT 

. TXTM 

CHAIN DRIVA 

-1 

-] 

-] 

-1 

-1 

-] 

. TXTF 

STARTA: 

DRIVA DRIVB 

-] 

-1 

-1 

-] 

-I 

-J 

. TXTF 

STARTB: 

DRIVB 

.END 
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"NAME-A" 

~ , 

"NAME-B" 

external normals 

byte packing L to R 

beginning of chain 

no service routines for driver A 

name of driver A 

coding for driver A 

chaining end of drivers together 

no service routines for driver B 

last driver 

2.3 .CALL Pseudo verbs used in drivers 

Although more pseudo verbs arc available only the ones used 1n drivers 

written for this experiment will be described. 

The .CALL pseudo verb and all pseudo functions used in drivers 

must be declared at the beginning of the driver or series of drivers 

as external normals. The format of the .CALL pseudo verb 1S as follows: 

. CALL 

pseudo function 

All pseudo functions leave AC2 unaltered with the exception of 

GETC. After returning from all pseudo functions AC3 has the following 

significance 
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-1 

o 
+1 

no more parameters 

delimiter was a, 

delimiter was d; 

differing data storage 

formats. 

The .CALL Pseudo verb must not be used with interrupt handlers s~nce 

.CALL pseudo functions 2re not re-entrdnt 

pseudo function 

RETURN 

GET 

PUT 

• 

use 

- returns control to BASIC, logically the 

last instruction in a driver. 

- fetches a double precision twos' complement 

integer into ACO, AC] from BASIC. On 

return the accumulators are 

AC 0 

AC 

AC 2 

AC 3 

- high order of word 

- low order of word 

- unchanged 

- break character. 

- passes a double precision twos' complement 

integer from AC 0, AC 1 into BASIC. Before 

the call the accumulators must contain 

AC 0 - high order word 

AC - low order word 

AC 2, Ae 3 - don't care 

On return the accumulators contain 

AC 0, AC I 

AC 2 

Ae 3 

- altered 

- unchanged 

- break character 
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3. USER INSTRUCTIONS 

In order to run in C5 BASIC the user must configure a program which when 

loaded with the Data General BASIC will form C5 BASIC. Firstly all the 
.. 

userdrivers which are to be used must be linked together with the standard 

routines as follows under DDOS 1.6. 

$VDU 
LINK (name, MAP, FIRST, DISK: B, BINARYFILES : B, DISKFILES : B, 

vhere 

SBINARYFILES : B, llserdriver : RBI, userdriver : RB2, LAST) 

name 1S to be the file name of the linked string $VDU or MAP 

is the file or output device on which the global map is listed. 

B 

DISK : B 

BINARYFILES 

DISKFILES : B 

SBINARYFILES : B 

userdriver RBI } 
llserdriver RB2 etc.) 

FIRST and LAST 

- are standard functions of C5 BASIC 

and have been respectively 

renamed A, B, C and D for brevity 

- are the userwritten call drivers 

in relocatable binary format 

are respectively the first and last 

files in the string of drivers. 

Once the drivers have been linked the program may be loaded with 

the following command. 

C5 BASIC, name 

This will load both the C5 BASIC and the call drivers. To run the 

user must halt the computer, load 3 into the address register and start 

the computer. This should start the computer running in BASIC. To 

check type RUN and the computer ,viII reply 

~ READY 

The following commands may be used for saving BASIC programs on 

diskette, recalling them and transferring control to DDOS 1.6. 

"LIST", "name" This will copy the program currently in 

the BASIC user area onto a file called 

name. If name does not exist it will 

be created. Files written by this command 

are the same as normal DDOS ascii files 

and may be listed under DDOS using COpy 

etc. 



"ENTER", "name" 

"ENTER"; "name" 

"PROTECT", "name" 

"DDOS" 
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Will clear the user area ln BASIC 

i.e. perform a "NEW" and then load 

the file called name. 

does the same as above but does not 

do a 'NEW' i.e. any program already 

ln the user space will remain. 

makes file name write and delete 

protected. 

Transfers control from CS BASIC to 

DDOS. It end files all open files and 

closes them. This is the only safe and 

recommended way to transfer control to 

DDOS. 
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APPENDIX 3 

Listings of· BASIC program LADEXER and assembly language package 

PACK of call drivers 
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F'P T i~T ":j CI_ '-":::-:E C .. i=jH·i F·.I LE~:' i-,~!UF::r) T,:::1 C.;:'C!~; ,. 

r-:"":ii;:::'1 i 
FEt'i 
1=:':ILi_ "OF'['·J[":jf fl' 
r '=1 F:;: :~.l Tel:~ 

'>1 L. ~ II ~ I [!~j L ~:p ", ::::: 
rF=:;:-j- I 
F'F:P;T "[:'i=iU:, r:'c:::urD I~ 

F:f~TUF:rJ 

FEr'! 
CI::'jLL "CL.05[[:"::/ Tn" 
l>iLL "CLO:::::E" 
F'P un 
FF: I r-H " 
(JOSUE: 950 
CPL L "[tC' OS" 

~**OPEN DATA FILE &/OR PEST0RE POINTER*** 
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r";:; I i'~T'!WT[ 
r'F~ir;T I~ 

iJIYT:r~p~::-: f~r;:= In [0: I t'1fiL " 
n,lO SfWIF'i..X';: '::!i?E:- STOFEC' H) [fiCH l';I=II::':'" 

r'F'1 rn 
r:;'F:HH " 
r? = ifr Il 0"., "1J., "12<:., !,j? 
PF:ItF 
!='F: PH "S'TFlr>: ~~T l_IX' 
PI? I NT II STAPT AT LnC 
Pr:' = tF 
PEi:.Ir-:::r-! 
F:P1 

II !l 

rPIUi "STF'jPT Fj[;::ir::r~:::::::'''.; 

I Hr'-'UT ';1 
;:'F I t·l-:-
PF: I rF 11 tW 1:1[= ~,JOF:[t:::: "; 
I fjr'IJi S,? 
;:'f.' I rH 

C':ILL "St T [A'1i:j", SJ .. '::;z.: 
Li::-T :::1=51-:-l 
LE-, ~~;2:::::S1+:;~~-2 

jPF I ~H 11 [:'/'11=-1 PEHU-r'" 
LET __ . 0 
LET :;4::= 0 

Le-;- ~;:::=;~:::~~,·;~S_5:+:(1.Cir·(.J .... J.>·f 
~ET S6:S2- TNT (52/8~~~ 

!_.E"r "", -.:::: trJr '·:~:3:-1-. ~) 
i .. t=:T -:;4::: rtrr '::;4·+ r:;:, 

+ FF' I tn "f:"!FTEP ['f'WI ;::FEt? Tlr't-'E " 
:r Fr-' PH "Hl;=i13FJ [:'1:1 Tf;,. ".: ~:;.:::.; "., "; .''''1, "', 11 

; F'F: I rf) 
p::;: n;T "1 HEtl F.:EST!:li-?T fH Lee: :.:: IF-~ LprIE>J::]? E, r~OT O",.'Er;::~,JF I rE:W' 

:: r:f: HiT "Of? f?ELiJA[:t C5[:HSII.: .. PI:'>:) T).lEJJ UFTEP., LFiL.'C:n;: 8: RUN" 
3 ~QR J=l TO 150 
o LET w~ SIN (J) 

, rE:·:; T ,J 

o f-:'f? I rJT "HOl,J r'l:"tr~'.,.' SFirJrtr:: r FT I NTECiF'!::-1L " : 
--, HWUT (il 
U PF'HJT 
5 LET R2= INT (2/01) 
o IF A2(~102~ GO TO 445 
5 F'F:IfH "TC'Ci "lfHN nHUJPF!L_:'::: '·_L':<::.l I~:: t'lf(;:' CI-!CIO::::E i'iCit=,'H~1\ 

o (JOE! 4:15 
5 r;; H;T "THEP[:: l'lI U E'E '. (~::::, "nnE(;;F:f!L.:; (i~' ", r:'!:'L "':Hi'ii=U::S ERCH II 
Ci Li:-r~, =:0 
(1 F!Y::: L.:::1 TO 4 
:5 FOr.:: r<=l TI:: 1~.Jf-=: 
~j CALL "T tHECiF'f'::';::" . rll .. [:, T 

'0::; IF [:C> 1::1 I~ 0 HI -:' ill 
'0 LET :::=T +S 
5 LET R[L-l,K-1J=S 
10 LET 2=2-·t:11 
15 IF ,:::<.= 0 iJOTO 5:Fl 
III nE:<T f::: 



r'i?HH "TCfTF1L ~tFE:(;F:f:!L =II,~:; 

IF K~256 GJTO ~<~ 

IF i_>::::' GOTe, <:;'5>~; 

LET l::.:U-l 
1..E r I'::::: 

LET ?[ l_ '-:1.. I ,:"·1 
FE TUFll 
F:E~1 

- A2a -

F'~:~fiT "'/Clt! t'ln'.,' r'F.::Irrr ,J.. ~::nr'lF',-E[', ["'~iT;=i" 
t:r::: I riT !I t:IS1tu:n I './1::: ItHECPriL 
FIF'INT II .__ r:it~.crt,·; Ir~ DE: 
r>f? I ~~T "r.:- I ,:f: 8 nU,·lE:[I? r ,;':'t'l i TO~: " ' 
~ tWUT c: 
i=F' I t ,:T 
IF (F-=1 GOT,:, ,~t':'O 

1;:- 0==2 (JOT,: '?5~i 

IF CI =~ (;;c: T,:! ;:::40 

I~CI~:~~UE 20~J 

" 

r:PHH "f,lUi'iE:EF OF SFWW'LC; TO CE FF'UHE[,<f::t ,=, : .. iIL:yr;'HF t:ILL''': 

rp 1 r{! 

F'r. t rn 
fJ: ~L " F' E !:, [{:'Ii T H ".' r' 
IF P(128 GOTCI 710 
i_[T r':::-'1:-;.':P-J2:~:> 

F'r.· T 'F :-', 
LET 1):-::1=1<:" 

L.ET:~::::;=-!_ 

I r:~ ;~~;: ~:1 Ct 0 ~T 0 "-';" C 
( - '. ,_I 

IF O(~ 0 GOT0 ~95 

~'L~-r'!~!F:rJ 

PEM~~~INTEGPRL SQU8PE P~INTO~T*** 
f:'F:un "IKi, OFUni::::1!?!:'IL:::: Tel lE r:'I::::10T[[' ,!:~ >~1 i.jIL 1_ 1:'F':irr Hl_L> 
HWU'~ 1:1 

t='F I r;T 
r-p I ~-n "ClY'lUL.r=:-r I .... 'E I t-JTEi':,f?!::'L ::::OUHF1:::;" 
F'F:HF 
FCI~: l_:.::1 TU :j. 

FOr:: 1:=1 TO ;:::56 
IF F'CL.'-i,. f::--l]::-:--l CjCiTO :~:2'=i 

r>l? nrT F,[ l_ '-1· V--j. 1, 
U:':T Ci~:;"~I- J 

!~ n= G GOTO 8~O 
t)E>:T \: 

t)E>;T L 
PF:I nT 
F'I::::rrn 

" r.::E 1'1+::+::+ !)E: '. H',' ;::'F' HHOUT ;+:+::+ 
PF:HJT "TOTFIL rrHEC1F:fJL--" .. c 

F'F: HH "n'F'E H~ 0 [\E: F:U--, 'J': I LL DC:: ,-',ULT Tel AE:(i'.,,'E on 0 
InF'UT H 
IF 11< 0 COTO 
IF 1-1:> 0 CJOTCI 
LET l'I=S 
F'P I rH 
I-'F: I rn 

:~!75 

> lI.i 



FO;;:: [_:;:;1 TO 4 
rOF: V:o:ol TI~I 256 

rr-- r.::[ L-··L >:::--11=--1 CjCTU ':'c,i-i 

!i::- PC L.-t .. k-:l D=H (10TI~1 ':Ic.:·' 

UE::'T L 
~'F:n';T 

PI?! rn 

F:Pl 
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[:(=:,'1 :+::+:+:[T'T ,(:, ; ;;'T r:~:.:T I t'lnT[:;':+:<i< 

~':;:HJT ·":'fH1F'L[ :::,r.~EC';_IUJC'f' HJ "Ii: 'I 

I r~ i-'i.1T F 
Pi?In r 
U::T F·=!=':'·:l l=;.J'J 
;:r.:Itfi "(1 [Ot=.~ FEF~ ,n I:; i,dILl [:,[r:-riULT -:-0 TIYi't:1L n;TE-'::.r.::;-::iL::" 
I ~JF'UT !-I 
IF ,1< C1 l~iOTO Jtl~~'U 

IF H~ 0 GOTO 1050 
LET f~=::~ 

t=p n rr 
ro;::: L=i TO 4 

FOF: f::.:::J.. TO?C't':' 
IF P[l··1.'K-1J=-1 GOTO 113S 
IF F'[ L·-J, ~::--1 r::::!1 I::.IOTI:! 1:1:=::r::; 
l.ET ',,.'=4. 3429::;:+: !_CICJ " ,;.1. F:[ L--1: f····~ J' " H> 
n:- 0".'{-:1 (iOTO :.1.CI::-"~; 

LET DJo~',/ 

LET T:1::o:;256:L (L-1>+';" ,,·1" 
IF V(-11 GOTO 1112 
L. E T [<>: \,' 
LET T2=256~(L-1>4:V-1) 
I r= \'<-15 COTO :.1.1:2":-; 

LET T3=256*(L-1)+(K-l) 
tlD-;T t: 

n::'::;T L 
LET r:::'L=':: T2-- T 1::' .... .:: Dl--[:':::' :·q:!L·'F:t6Ci 
!_ET :-:::2::::':: T:_-TJ::' ,. . .'([:.:1. --V::·:' :+:I:U_/F:+:'_::ij 
F'F'urr "[C'T ,:10[:0=:) ~;TH1fH[ ::=".' PL, "SEC" 
FFINT "1FT U.5['E:> f:::~::THlt~t!T: ::::;", F:,:~. "SEC" 
F:ETUF'N 
FEr'; 
!='F'PlT ,OU r'jCj'r' i:'L.OT 
F'F: I nT " 

:+::+::1: F'LXI T :.{U E: F' CI UTI HE :+::t. :t: 

f::- I F:':'T J(124 PC' PF~:~:O)i:- :"1 

;:'P HiT ,,;:. I 0< 'r'O UF: rJl.Jr·1f::b'~' ". 
I tWI_'T (I 

F'F: I NT 
IF' CI=1. (1(ITU 
IF~ Ci ==? (3e'TO 
:=iCiTCi 1:~:~~5 

1245 
1 -:. -:' ,-.. 

.l....:.:. I" '"":' 

:' r-F:UH ";;'[t-j[,'T' F'UJTTCF: .••• PE~i [!1~!i,j()" 

) F'FHrr "T'T'PE n NO. Hi C,YHUlUC" 
:. I rWIJf (I 

;1 F'F:HH 
:0 CI::I L.L ">:;'r'F'l..IJT ", lOZ7: .. r:::;:t.?, J. 
;1 iJOSUE: ~'50 



C:iO::::UE: ~<':'O 
Ci:-jU ",,,;'-r'F'LOT" .. 0 .. 5L~', i 
(jO':~UE: 95(1 
LET ::;:= ('1 

CF!U_ "r.::Ef":'[:{'fiT;i" .. P 
Ir P~128 GOTO 1303 

LET I,":':: ! NT (,or'::" 
IF Y~512 GOTO 1?2~ 

LEI 'r'=511 
IF P) 0 GOTO 1335 

LEI ;:::'=;-':;+1 
IF ~(1021 COTO 1308 

IF 5) 0 GOTO 1375 
PF.' I t.JT "r'OU r'1U5T I ~·JTECiF:F!TE F I f?ST" 
Cl:'TCI 400 

- A22 -

F'PINT "Ty'F'E HI (1 ['E: r:::CF. {["'EFrjULT5 TO TOTi::''.. nffE,:JPAL ON O',!I 
I rIPI.l T H 
~ t= H{ (I (30 T D 1::::'::;:0 
IF Y> 0 0010 1400 

:. LET ,-1-;:5 

~. 
:.. 

:. 

CF"JLL n;:;'.,.'F'LCIT".. I). 1000., :1. 
F'r;Ttfr "r;::U::,Ur' F'l.(ITTr:P ~:-: r:''EN [:'OLItJ" 
F"~'HH "T'T'FE f' no. TO co~n IN/.e" 
lti?UT (I 

i-F Irfi 
LEi ',.':::1(100 
i-OF' ,)=1 TO r", 

3 LET Y=Y-200 
5 CF"iLL" ;'\"j'F'L 'Y;- n, 0 .. '.,-' .. :.L 
j i30:?UE: 950 
L CCiSUE: SIS» 
:5 Cl=tLL "':·::'T'PLOT" .. :?O .. 'T' .. ~L 

:: I~~I~I~:;UE: 950 
:1 '='1=!Ll.." ;:'<'T'PLOT" .. (1. \'. :1. 
.:: C.iOSUE.: 950 
'5 riD::T ,J 
j Cj:-;~L II ;:-:;'T'F'I_OT ", f}. 1000 .. ) 
2 (JCi~~t!E: 950 
5 r-'~i;:;' L=l T(I <} 

o rop K=1 TO 256 
5 IF R[L-l,K-lJ=-l GOTO 1520 
(I IF P[ L·-1.. V--1 J)::::H ClOT':' '~_S~::-~O 

5 LET '/=4. ::::4295:+: LOC, .:: d-I"!?C L--l .. k-1 3>.···'H' 

o LET '"['::::1000+ PH (20:+'T'> 
5 !F YC 0 GOTO 1505 
o IF ~~1023 GOTD 1585 
5 LET '<==.:: L -·1:' :+2:56·1-:'-1 
[1 CALL "·:<'/P1...0T"., ;:(, 'T' J 
:~, hE;:::T k 

(1 NE;:::T L 
5 F'F.: I t·n 
.~I 

.r:-
'-' 

F'PINT 
PETU~:tl 

F'PHH "DO 'T'I~IU t·IANT TO r'ECP[f!SE THE TOTI=\L NO 
F'F.:nn "T'r'PE (1 FOP NO Ei_Sf:: ','E~;".; 

OF Sf-H'lF'LES" 
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pi:: 1 In- "HO[,; t'lRN',.' Slii'lPU::::; ri: '1';'-1\-' ~'Jlit)T TU HFECif:'I:rrf:-"; 
PWUT CI 

) 

;:;'F:itH 
LET Z==Ci 
F'prrn Z .. "~::f:li'jr.'U::~; L,jILL U:: I rrn:': e;r:.:r:: TED II 

F:ETUF:tJ 
F:Ei'l :+::+::+:LEf=!5T SOUAr~:C:; ;:: 1. T:+::+:,j; 

IF 5) 0 GOTO 1620 
F'r::rrH "'T'(I'"I t'1U''::T HHECir::1:1T[ FIr;::;T" 

F'FH~T "HJPUT SFit'lPLE r-PEour-:.rlC',' 'j'1~ l.f·!~~iI .. 
ItiF'UT C 

LET F==F:+:10fl0 
l~:-::'l ~F 

r'f.':ItH "HlF'IJT UJ(,JEF.: Ut'lIT HI f.'If: OF SiP UrJC" 
I)·W:.IT E1 
F'F: I ~n 
! r:TE1:::·-1:~: f"JE:S " [1 :', 
, C ! CiJ =.: ; -; 

" 

L 
.- r :];::::: t. 1 ... 

L c ! (J:::-:;: (i 
c. fj4:::: ~=1 

, , .- -'.::: (1 , -. _. ." 
" ~'r;=rn "T','PE Hl 0 [,[: FE;:'. "-C'U:(liJI_TS TI", TOT(iL Hn['(~FFIL ON (:(.,"; 
) IIWUT H 
L Fi~ ItH 
:0 :1=' H" 0 (3CITU 16::::0 
3 IF H/ 0 GOTO 1700 
:0 LET H==S 
~I FOP !_~::J. TO ·f 
:0 FOP K=l 'f0 256 
~I l..ET L"':'+' ::::4:29'5+; Lcei ,', H--F:[ L. L, f::'-i J::' ,/H' 
~ IF Dj-l GOTO 1760 
3 IF D{El 8JTO 1770 
:. LET :':=:25(:+:':: L'': . +)<-.J. 
3 LET Gl~Gl+l 
~ L~T G2~~2+X 

o LET G3=G:::-+X*X 
:. LET Cl't == CA..J';::; :+:C' 
a LET G~=G5~D 
~i r·) E :::; T v: 
=, rlE:<T L 
a i.C: T ,~.;::::::: 0: 131>':13< .. '" G:::::+:(J5:-',..' I C:J.~:Ci?''' (j2":Ci:::' ", 
5 LET (J;:;'::::-:!.·f:A1..··'F:+:6Ci .... (3f. 
D F'PHJT "r::E',/ TU1E B'T' LEf'=':::;:T SCIUFj:-;ES I~=: ", C~7.; ":;:EC" 
j F:ETUFJJ 
;:::: F'Ei'1 ;u:+='r'EFlf? DOTe ::r:+::+;'+: 

!::,,=,::: 13:: :::'(10 
!_J()'; j~i Joel 



:+~ '" it. 

l~i.1. .: ... , .', 

C/:-"1i.':j;.:'l;"·i'.-' 

:!C" ~:·IJ.~: i:,:',' ";:"Cl 
'", L=ii21 ~=~ ~:C (\ 

;' ~.' ~ , , 

'! I:i ~', ~J:~~: lJ lJClj;-~'i ;:-:j \.~ 
CI)!~!(., 

,- t • t" .-~: 

~~- 'f ~"~~d'! 

C1 ~. ~-t~ '~.' ,? ;' 
~JJ.J..=:~'1 

'1", 

, " 

i .. l:l ',. 
- -·r·· 

;-'~E;) 
l" I .. ··•·• 

- r j.,~:... l' ':. !-I-

;"" .. !' 

~' i_ •. i i~_ 

1 !.:-,[! 

C: u_ 

','t::.,i! .,' 
.. ,' ., .~', . - .. 
(~";_~~.i _~ t:· ,J_ 

~ ,::' >-_, '~.,!. : I ,,' 

.; , , 

L~i _~ . :~: ,1:':1 ~ "' 

;:.-':(1 0 ~~.C:;·;:-' 



(HJL~)(y:=; l.',~'-' ~," 

l~:i ~~~ ~~; ;_'1 !:~ " .L +? ~:.~? .-. .., .~:-
l~j\-~1~~1j~--- ~.~., 1. ,:1- ~~'(.' :.~~'() 

r~~i~~~rJ·.1_i.~;'" 1-4·;::';: :L(~ 

'=itj~~i~L::~ . ~Lr~j:;:'='Ci'l 

C: ~_:; i:,·j J __ ::'" !=1Cil:1\~~i ~~: (I 

,,1 

CiD~~!~.- <.' 1.ly~,,:t~::!·~1 Clr·[·i) : 

Cii~il~r.~rJ .::". "~_I ~,;lc~' .. r 

CiCi(L~'--' . 

i '--, 
. ,L: 

( ,. ! 

" 
L 

L 
-L 

>j(J:;~-I .~?';: ,1 

';.il,-:,~:_~, + ',':1. ?,:I,'f 
~ --;' .-:' .-', .-

_~. ( ; ~. I :..::._ 

Cf~) ::.i ···t .-: .... i~1(i ~::' 1:'1. i7r,:':· 

I~j;?~~-j) 4·" ~:j(:·i(1l~!J.C-: 

! .. j ,r i(~ ~. :=1(;,.=1~.1~; 

CI~=ll='!C .:i/ .1~~·;~'.~.C·t 

~:H;)~1t::;·."L L r~,.~,~~~ :.J:l 

F: ~ '. l: 

! i:.:·" 

L,T:';'! 

r:' 1,'1::' (.I 

.::. ",',! 
':,'::-11,.,1 . 

-'-', 'T~:-

t, i:" ~I 

I_i.:'" 
,:r~i;" 

:=, j'".: !~l 

.; " . 
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-',1,,- .­
T .. _, 

GP~N 0T ~TrST SECTOR 



)006:3:'" 0:::::0461 ~:EA[I 

Ci(j,j64" O::A4C:::: 
)OU(;,=;·," 00740,:1-
~:~0 ~=i ;:, (~~ .. -~j ~::) (i 5 ~~.~:, 
2:0fi,:;:;7" 0;;>14'57 
1~"1:Xi((1" :107 ':~::il:1 
r?l~=~[~?j_'" ~)3:~~':fl:':' 

OLXj;'~~' 025'::;"~='O 

L=iO'~1;~-:~' L:.:(:::44J:L 
CB30/'S 1:174~:i~; 
000 7 6"1.(7«1(1 

: L. C":~j 
LC'l=-l 
,.TSF: 
,n'iF 
U:"':~; 
1":!f4r· 
U·lf·j 

I':"'[:{:' 

LJ,rj 
LCf! 
j:jN[:' 

f!DC' 
~::U[: 

PUT 
· CHLL 

(i,Dlce' CIO,Xi46'" f?f:::TUFN 
~JI04/0007C2/ "TABLE: TABLE 
00l05~000200 SON: 200 
00106~000151/ DRIVD. DRIVE 
~X·1107··1?77?7 -·1 
IJOJ.:1.0·· 1~::'77?::' J. 

001J2~177777 -1 
iJOLL:'" J',7T":'!:"' --1 
(:(~:-11.:L' ,!.,., '.'!~ ?~??'?7 ~-'1 

~}Oi.L~·· J.,l4:·O:; 
!j(:L>':: JA07~j4 
OCI.LL7··142?2:~: 

(iOL~:O'" '=100C'(iI~i 

00121~030423 HEAD 
(i012~~~'" (:4425 
'='Ii;;H2:" 0 '=17404 
001,'2·J ·· Cll?>0500 
0012'5' 1J}""53l10 
0012(>' 0,+=1..1;;::::: 
12:(11;;;';::- O::,J41 ':1 
!=iIJi~i:O' 0:4417 
001:::1'" 007404 
ci!Ji =<~:' ,:::100472 
[h)l:::C" 024415 
C11::H:,::j.·107000 
00:1 :,:.:~ .. 125120 
~~I01:>;' Ci~44:12 

001::;:" 1024013 
0014C1' O~Xl1Ij'::::"" 
00141' 0(j[l101' 
00'1,:=1-2'" eOOJA(1'" 
~Xii4:: :X:Ct1 cc·' 

Le,!:1 
U,,:I 
,JSF: 
,J/'W 
"l(:)'.,.'S 
:;Tt=! 
LC'I7j 

LDfi 
,JSF: 
,.Ii'iF' 
LDr! 
rl[:{) 

!'lO',.'ZL 
SFi 
~:''-'f:: 

· crlli_ 
PUT 
· CHU. 
FETI_lql 

08144/800252' BUrpO: Burpo 
0G145~0G0242~ . FNRM0: FNRMO 
001 ,·ilS··· :J(i,XG7 SCi~Ht:::t::: .. ,. ( 

- A26 -

I~{:'. 1/,),:: 
EOF 

L =: 
:1, ~::', -= 
:.,~:I=ir) 

2 ..• , E:IJF--FC1 

(5:[> If) .. :: 
[(IF 

0 .. 1 
L ESTTOT 
';-' . E:UFF'O 
=, [100::' 
l!Jr,. IN .. ::: 
EOF 
1 .. [:',IT1"OT 

0 .. 1 
1., j~ 

.' Ii fiL:fii)EF: 11 .. Z 
." ,~ETUF:rJS Z .- no. OF E:'/TE:::: I ~.! 
; [:q:fTH r~ I LE 

-._- . - -- ---



O(1:L.~5~_~··· :J.~:' :'::1(,' 7~'~ 

LJC<~ ;~,~3/ J,'7?-:'?? 

CiOl~;1··152::C~5 

U(i1''::~'' :14:?~:::;2 

OOJ,;:' :i'·i·07;;::'~ 
OO:1.C··:),· t·L2·tOCi 

_.J. 
.. -:1 
-1. 

00165'000142' START: CALL 
00156'177777 GET 
0011::;·:0··· O·:t·:H ,::0 
'X1L7;;}' 10':··::!·:::'3 

1.21~~:1 ?:~< ':i~~'J2!? 5:1 I._'JC'~~I . 
l~iCl1~:'~"~'" 1.3::4·753· 
O!~I:li'~:;' [107404 
!:'Ci:i.;~'.;·· ~XjO·::!-;~>; 

OU::L ;:- ,;", 01475:1. 
12102~i~1"- CI(I~JI::~.(~:~~ 

'Xi2~~ij.···1210042::::: 

IXi202'" O::Ci?·':;',j. 
i2r~~~I'~'f13:" i ,q. ~:.:+~J[' 
()02(1.~·· L~5L2C1 

0020':;' J024 (1[; 

'302(1'::;." 121::044:3: 
0020;~'" 1=:570[10 
002:1 (1'" O::3:1·,JOO 
0;:121:1_' (1:3:'5401 
00212" 024.::1::: 
00213:" 0204 :3::3: 
0021·'V 167«:::2 
0021'3" l'514(i~~; 
O(l21C 1.4::0(1(1 
fK121;" ;::)44426 
~J022(1'" !J4042(:: 
002;?J .. 01.44;;~; 
~::;;(i2::::.2· C10(i7'S1 
002:;::::::" 0004(13 
00224~030720 EOF: 
00225" 03A?22 
~3(12:~~;'" la ~~1 ~7 .::;.(1 13 

51"(:1 

SUD? 
:::::TrJ 
;::.T':::! 
LD!:j 
~_['1::i 

,','-'1"-, 
,.1 :~.(,: 

.. nT 
rx:::~ 

.Ji·V' 

.J 1'1:: ' 
l._C('1 
i~ii ~[:o 

t·10'·/2L 
~:·UE:: 
L.t,('i 
r:'!D[':' 

L[:'f"j 
LDf'! 
L[:'f! 
L[:'fj 
!~[,[>? 

I ~·~C 
rtc'c, 
:':::TH 
sn::! 
[;::::2 

.:rlW' 
L[ofl 
L[:;H 
.J::-:P 
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.. t 

.' I! nm::::iJr?nTE".. 11., F.· T 
.; !;:'i:::'~KI or E:'T'TE:-:::: TC nrn:::":1!?fHE «65l<> 
; t::>UFEfi}: C:i-F1F. (=-1 Ir:' EO'·:' OTHE!-?f'H5E=J:??«()CTflL>::' 
: T:;;: I UTECii?,:';:. TC!'fFiL 

; n-JTECiP;:nc ,.JI LL TF!i<E~ ThE Hr:;:::T (1 B'T'TES !~N[:t 

. '·/In '':'1 Tr![:LE HJTEC!r:rnE TI-If':'·! TO GET T An[:o 
.' F·ft;·; T E:f'!C:V 10 Dr:ISI C 
; IF [OF' I:~~ DETECTED [:EFOFF [Ur, 
.; FT:l~ ~::I<:D:if< CHAP. IS ()Jpr.::ErH ... ·'fiLUE OF F! 
, On!EFl.!I 5E D!?EAL ClF,f:: IS 0 

J.' LOC!;':'( 
(~. 'J 

~-:,. ':::'.1 :'1+ . 1 . 

_. :~:I ... W·r.··C1 
.:., 1)[:OCi·.:~~ 

IIi[" In.? 
COF 
[~'r'TTCi -i 

+2 

;2,. :~·CJW'1:':::f':: 

~~:" (i 

u·o 
:?, . TLOCl!::' 
,'~, _. 
~.' ;..' 

:~::.' Ci .. :: 
~::.:1.. :. 
:L. :::;,U"1 
0 .. sUr'!.+·1 
:~'., ~L., SZC· 

J.. :::;'131 
C~.'--'~~;'Jt'!·+ ::!. 
LCliji:'C 

LOOf' 
t::::: I T 
2· . E:UFF'O 

; ~NITlnL;5E TOTAL TO ZERO 

.; E:UF-l:::-EF: F'r::EF n< ~i[:{lr?E5S 

';SY5TEM TABLE AD0RESS 
.; Ci~T B'T'TE IN ':'1(:0 
.' qO !"10PE C"r'TES 

; E:UFFEF.: P~:EFD< FIDOf:;:ESS 
.; S'r':'::TEr'1 Tf1E:LE AD[:'RESS 



IJ(i:~~:~7.' (~iOC1CiJ,(i 

082~0 282400 [XIT: 
~:::i':; .:: =-..!... (i.2 4 .::i· j. ,:, 
~?,~=i;:'=:.2·' ~~~~)~li:::5 . 
(:l!~i ~::.:= .. ' :=, Ci -:i _:" ";. ·.L .. ' 
~=ilJ~2:~·'=-1· ;J.;:L1·,':i·l:1. 
(IL32:::5 !~i;20'tJ .. :; .. 
i)~=12=)~··· ;J(j~:I~'~'2:" 

(1IJ2:'7" (l(lJ.=:::::-::: .... 
~)~:,;~'4j~I" ~J~~j!~;~: ':~:r:~~ . 
(:'0.2;:J..· CIi~;'='J'E' 
~J82·t~: ,~i '::':1_ 0:1 Ff~Hl'10 . 

~=i ~=i 2 "{ ,:.1 ... ' ~:~!:) I;::: C; (1 ".~l 

00245~000002 SUM 

u. CLU 
.. ::1[: 

c_[",(: 
r:l'~ji 

PI":-

Li>;~ 

IJ'i 

C·(:Ji : 
r::'UT 

::;::U:: 

r:;~'-:::~ S::-j" _=H:}~1~~:1i.=\-.!_ TL l~il~lr' : . [:L 1< 
)~ij:;-:!..2{=~:J. . i2JCi~=iJ~;?2'· ';'l_CiCit<, Tl)}.~!v 

00251'000420 ~U~P0 

,XI); ... '~.: J:iCI~XI[J;~, TL.OOf: ~:i 

I"~i':':?::y OCi,:'(i('l:.l. 
'.:i i.ir.:, ,.. ;~.'. ClO~~IO ~)O 

i='~~i(; -::"( .. ' j=i~=i ~=! Ci(i? 

~=n.?!"'7 ;Ji:~'i" (H:n~1jJ C' [1 

:Xi?:~1~i.. U~::HXil-::C 

iXi 7 0;:;:" O,::1!JCH::1(j 
.-::;~::C(l=:· (l(l CiJ. 77 
UL.:<·'i}~r ~~100~~JOO 

~~07W::;' lXi 0077 
1:1Ci7~=1,~ i')~~JI=leIOCl 

(:i,~, ~' (~I? .. ' (1 (: C; 121 :1..? 
~=iU?1..0··· f10~?!CltlC1 

C:07 LL' 0(i(10::::? 
(HY?12' OO~")~=ie:=l 
0071:'- IY;:"7?77 

Cll:y;:'~ .. ,::l"" OO(iCICH~i 

,~i;~17i6' t100000 
iJOiJ (' CiO-;"7"?r' 
CJC?::::~?I' OUOODO 
(iO;-21" ~"::1i 77T' 
I~i~=j?:·.-:'~:~'· ~)~)l::1~JO(1 

!~i~3 ~~.::~~: .. , CtO~:(:~·77 
IXC:::',i· I}I)OOOO 
OOiZ:~' 0;:::1(177-::' 
01:1/ ~::::- .. , C,OO;:10U 
007;27' jO:::·;-"?? 
007:::0' CE~iOi)iJl~1 

OI~(;':::"2 O~=1~~,U()O 

(1137::::-:: l~iOOl=iiX1 

007:;,1 ~~10eIlJL::iI21 

U07:::.':j··· 0 1=1000(1 
IX17=i~~" UI~I!XHj0 

007:?7' IX1CI(100 
OUi'4~Y OI:i~XllXl 

(1 

J .. ? ;:-

" ( 

.: ( 

-:. --;-0 ~-t'-:,,-'7' 
...:.;.( ( ( ( 

. Ci 
17777 
o 

" ( ( 

,""I -.' -:--r 
-'. ( ! " 
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,t .. Stl!'! 
I::;, ;).11 1 It 

;PUY VALUE OF 0 
.; i....m,) 01?[:'[P TOTHL 
; i·: I or.::c.r.::r~: TOTAL 



d,,"",::: 
i=lCi7':1·j~'" Ci~3~~iCi~=1~J 

~JCC"12' OUO~~iOO 

,:::,,:174::" l:::1CiC'OOCl 
lj;:',:c',;,,:j.'" (100000 
Cy'::i~ ·15" iJCW1C'l~i(1 

8 Ci~::' 4::::' iXj iXilZi 0 
(1Ci(",!-~/'" O(i(jCiCi!J 

C07'50" (10(1~=H)l=1 
Cii~17'5i' l~iI0j(iOC: 

Ci~:'~~:3:1.·' ~~l~ji2H;J~~iCi 

(1(i7;5~:" l~;~jli~~:~(ICl 

~~_1 Ci '? i:':::-i" ~~:(~i~~H:i lJ:3: 

i:iiJ762" :=j~~iOOCIC1 
"X!'?,::::~~,' (11)C<)(:'::1.. 

~Xi(r:;,:j' O>JO~jf(;: 

~=iO?I'::;~~" (1C!~j~~\C'2 

0[17:::::,::, iJOOOl:J7 
Oi::<?C7 C10(11~10f~ 

00770' CO;~IOC14 
OO~""7~L" Ot::iIX10~ 

CliY??Z;:' ~J:=10C11 7 
i:'C,?7::::" O(1(1(:',U:: 

UO(,7.:.1.' Or:1i~lll:1A 

C11~1 7' 7-:::," !J ~j (I (i :i,:' 
0077t:/ ,ji)lX110 
i:::'C!7'(:'~" L=:I~no~u_ 

~JJ.~:fCI~~1·· !2iC1IJf':.1.:: 
(11 Ci(1:i_ ' C1l~iL=1:'::112 

o LiX<2" OocJOOO 
C(~ '~lCC, CiC1(iCiOO 
l:il~~10.:.V ~.:.iOOOOO 

'='1(1L:15" 00(,11:000 
(:/1006" 1::~OOOCll~1 

O:.'L(i07'" (;:iijOI=1Ci O 
1:110:.1..0" OOOCfhj 
Ij:::.-,~11:V' ,:i!=iOC~C(i 

~=ilCi1.;::-:- OC1t)O;;:O 
e1~iJ3' C' ;JCi 02:1. 
O~_OJ>I' liOOOCnJ 
O:Ll~1Lr:5" OOOC<2;;? 
0i016'001046~ DRIVF 
02.017 1777?? - 1 
01020177777 -l 

~~ij_, Ci _~-' 1"· ~L 77~/7~7 --·1 
~~J:~._C:~~:' .. ~2··· 17??7?" ~-:1 

81022'177777 ~1 

CllC1:2'-:f'l????-;" '--J. 
010::::5' 151705 
01(('26' :i52::0~1. 
Cl1C127" 14~;70i 
01((;::0" 0000~::1C1 
OiO:l'000240~ SET: 

1',:''(',:-''(7' 

1-
17/7;,";::' 
o 
U 

,-, 
::...:. 

6 

r. 
'-' 

.i r 
.L· .. ! 

21 

, (F!ll 

GET 

- A29 -



:1CC~···· 0444:1:1 
:1(i34 0010::::1· 
110:5··· 08:10::2' 
::1.0:::(/ [;44407 
u.o::·r 0:~j405 
IJ.OdCI·· 0650H4 
:1:1(141.· 07:;::044 
11.042·· IJOECA· 
)104:::··· OOL:.1241··· 
11044··· 00~Xi[j2 t'1· 

STfi 
· CfiLL 
I:::::::T 
~::Tri 

LOfi 
r:.cq::, 
DOE: 
· C!:iL.L 
RETUFN 
· E:LV 

31046~001074/ DRI~3: DRIVH 
1104·7·· 1-;:''7777 -·1 

310S0'" -1.77777 _.j 

)1,:15:1. .1. ?77 (. 7'1 
~11.0S.~177777 ._J 
)~Ei':~:· 1?-::'::'?7-:1 
=ij.:~j5cV J -::'77.:"7-1 
:1105'j· L54::~:::.l. 
)1(15;::~ .-L5cJ'::::14 
:1105-::' 1477;24 
)1.0;i~} ,~;OC!>=I,Y=1 

=i1Cj'~·1 .. · (iOJ.O,"f;;:· 
~I:.l)Jt:2 :):;;1J.O::::-,· 
~~1::W6: (165(14:::; 
=11[164· '~CjJXIJ=>t·· 

'.iOr~;~' 00lCjl:'.:.l·· 
(i~UJ?~)'· 00106S·· 
C'107 L· (iC?::'I·':::: 
J~.'JY?2· ,:10:1067·· 
Cij)}7:· 001C4::· 

00:1(;?4 [Ir.:: ~ ... ,ll-i·::. 

I::JET 
[:,I=!\::j 

· CFIL.l... 
'3[T 
[:'0[: 
· cr::I~_ L_ 
GEl 
C'C,CP 
· CF:ILI .... 
r?ET1.lF:rJ 

· EJ~r.' 
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:1., !1 

1., /'1+:1-
~:.' t'1 
1.,44 
2 .. 44 

2 

~, ... ,.iiF 
. 1 .. ·,1 

.; GET E:U::: 52 

fl ;\:;'T'PLOT" 

; 'I' Fr;:iY'l CF!S I C 
1: 4~ ;Y TO DU~ BUFFER 

; .:::. FF.:Ui'1 E:!::i::; I C 
:1. ,r.:: ; CUXf:,,.'0!lJJES I U 8PEr·~ DOW·j 



'e:: 

,'E 

? 

03C10DO 
Cifi(J()2!.~~.-' 

.=1:;)OCQ7 
(3~~(~J:1C!t~··· 

)-~'il;!:~:; J 51" 

,113 j~~I1~~j_~J46 . 
iH Oi~11(~~': .. 

~~jO(i224' 

Ci I~i ~2i:2:: (i' . 
10 OOCi2,.j.2·· 

... >.:: 

O,=11C:::1· 
'::;iXilOS' 

:~ lJ'J~\l"j.,:'::·" 

1 : ~J,~ 
·1 -:":. . ~- -

6:J1 
6: ::.r:' 
""7' • c::".'-
-> . "-''''':' 

.:+: 12 
J: 0::: 
:1-: (1:3: 

=:: : 31 
4: :J.':; 
6:10 
:1 : tS: 
1:0:: 
:2: 0:: 
J: ((3: 
,:' . c·;t 
._' . '-' ( 

~T 088165' :25 

=11'1 Ci0014S' 
:::L l=1(10184, 
i)C! O,XC r:51'" 

2: Sf':' 
.:;, . '::'C1 

,1 . t::::: 

j U? 

1: 4::: 

.-', ~: . 
..,:: ... 1."::· 

5:4C 
Co.1.1 
2:06 
~: : ~55 
2: ~56 

~: :1? 
::: 0::::' 
1: :?? 

:2 ,l~~ 
2:07 

-:-: •. c.~':" 

1:21 
::2 . ;;~::;i 
..::. : 4·~· 

.-" c·",:, 
:.::" ..•. I~. 

1.2':· 

1 :tf; 
'f' 0::: 
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_L. ,12 

.J: 10 

2. -.:·f 

~~ . '::.i .. :.~· 

~ ... -.... ) 
.;: ... --~:.. -:::57 

(, --,-

4 : ~1.:.t 6: 09 

-, . [":.~.-, 

....: .. '-!":':" 4:06 

__ . '+2 ::: :1 

;:: . 51 :3:25 



00008 000027~ NEXT. 
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CICllJl::L/ 14~"::?C;J 
~:'ii=i(i12··· (';i:iCi~~lCiCl 
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-1 
'--1 
-·1 

-1 

· r)F:I_:i. 
T :::Tr.; 

000121777 77 5Er~MA CALI 

~:!~=fClr5" Cl,q,q1'=' 
(;OC::1:~.C·· (i,S,:'O·H 
,=,1;,,:117' UOOO1.:::::· 
C.:IC1Ci?,=i· O~)OOl':'!··' 

CI;='iO:.2:.1. ,,' ~)':'}.':'~l:l 05 
Ij("!(:':::::: O,::50 •. !.,+ 
CIO(':;:~-' o C1!) Ci:l 7" 

,XiCi2':;' 000001 
'=1(10:'::'C" '=10'3001 

C· 
! 

-J. 
-1 
-1 

000?5~177777 -1 
:Xif:::::::f," 141717 
Ci~=iCi=:7"'151~::15 

l=lln:140" 14C1720 
00041"' (1~:100Cl0 
00,342" ,X:u02::::' 
0004::3'177777 
~JC1044" 0404+1-
>:10.345' 044,+,·"·4 
CHXq.~.;· 0::;(1444 
00:1.::1."('" 02·1.441 
-::10050" 102400 
0005::1..··· C'Xl(l,:t~:··· 
00052177777 

:~;TH 

i) (I i'::: 

!JET 
~::Tn 

['OF: 
· Cfll .. I_ 

r?ETUFtl 

· eLY 
· [:tf:: 

l ' ',-' !'-',! c' 

(JeTe' 
STH 
s~'n 

:::;:T!~') 

L[:t("1 

~;:U[! 

.0:'L.1.. 
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; "~::E Te'l'if:! ! .. r::-, f·j 
,':~:::;T!:H?T n[:{:'F.E55 
,~)::-,rJO OF 1~':' [:IT :)ur:'~,= '. C:!~5'~ 1'=' 
; n:: I!-iES THE [:.t!H C,:I:', ·F>i.'~.U.J': U~ UO ,44::' 

1 

Pf~: HiE 
. CFILL .. F::::::TUF:N .. l:;rT,):~~', ... FU" 

.1 ... N 
1., .. j..;~. 

1. 
1. 

; SEND NO. OF WORDS 

; "1~:Clr::1'1HF''', F:L F':L SJ. 
; Fl",c'l F::ST ::::~Tm?!=iGE l'!!~ir::[. H ..... A I Lf!E.'LE 
Pl~NO OF PROTECTED NORDS ~T TOP OF CORE 

; ':;1, ·;oS I ZE OF COPE 

Ct, ':JCO 
1., rU:J 
~:, HC2 
J.,HC(I 
0 .. CJ 



2 

,:'0;:,53:"02443:(: 
(iO~J5'~' 1024~~li~1 
~i~=I~.:.i5L5·' C!:JCi(i5:.L'·· 
000::···· c:t2n~HY:52··· 
'~<~-.1(i57-'·· (i~::44JJ: 

0(1(160' J.~)2.q.O!J 

OOOfJ'" 000055'" 
;:)[1062" 00005~3' 
(.~:C:C1'::'::::··· OO(iOCJ.··· 
01210;;;>+'" ~X10024" 

00065'" 000113/ 
t10066"'1???77 
0001;7"'1?';-'777 
00071:1' 177777 
Cn)~)7 :1." :1 ('?7~~"? 
~JOfi72'" j_'?7777 

001374'146:17 
Oli075'" 140?0,+ 
00076'" 000000 

t4E::<T::::: : 
-1 
-1 
--:1 
-1 
-1 

LDn 
9-'B 

FUT 
U>A 
':::1)[: 

.OiU ... 
~;:ET'UFN 

00077~000063/ LOAD: CALL 
00100" cn·~:0020··· 

~Xl1~:11' 0444JD 
Cicr 

· CF'~.L. 
GET 
L[oJ::I 
::::~Tf! 

· C::ILL 
r.::r::TUF:t~ 
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L 1:\1::1 
(}, ~') 

.1 .. · nC2 
(}, ~~~ 

.; ,. LOFj[:1 " ! ft.:;::.· H2 

.. FUT F'1. 

.; I-::I2~COF.:E fiD[·tF.:E:=::S OF ~·jOFT; TO BE STOF:E[:' 
;W2=WORD TO BE STO~E0 

"LOfi[:' " 

1 .. nct 

3 .. fjC:1. 
1.0.::::: 

; C:ET H[:o[:'PES::· 
; ::::,TOF:E nct[:oF:E55 

: C:iE T !.·l0P7:0 
.; Lcnc' rlC'[:'F:E';S 
.' STOPE .:: FIC1::' FIT .:: fie::::. 

001((';:" ~::IOOt1?7" 

00l!:.C~:··· D'2i121100 
OOlC1o)··· CC:4405 
00:!.OS··· 045400 
(101.8(>- OOl:1102'" 
~~j(hO?" l)(1(:(}=:4'" 

801.1.0~008001 RCO: 
00111/00800~ RC1: 
00112'000001 0C2: 

· [:LV 1 

00113/000201/ NEXT3 
00114/177777 -1 
00115'177777 ~1 
00116/177777 -1 
001i7~17?777 -1 
00120'177777 -1 

· L:::U: ·1 

· E:LJ:: 1. 

• , 

80121/177777 -1 
00122'141704 T;:'·;TF' "CDur'1F''1 
00123'" 1527j .. 5 
00124'" ::L':5012100 
80125'" Ot1011~'6"" STDUt·1F': . Ci:'ILL 
0012~;" 0001::(3:'" GET 

.; "CDUt·1P".' fi:i: .. f'C: 
.; A:>F I F.5T j::-,[)[:. F:E 5:::: OF E:LiJCK 
.. tD=.'t·W. OF ~'JOF::D5 IU E:LOO< 

LOADS A BLOCK OF CORE ONTO 
.. A FILE CRLLED DATA 
.; THE FFE'· ... IOUS CONTENTS OF OATfi AF£ LOS 



j.:::/1~.··?? 

2. 
2 

4 
c:" 

'-' 
6 
7 

iO 
11 
12 
:E: 
14 

i6 
17 
1:~: 

19 
20 
21 

24 
.-.f­
.=.. '-' 

26 
27 

.'.-:. 

O(i~L?"l)44442 

i2l0130'" 000125'" 
i~lCt:t:::::1. .. ' 000:1.26" 
Ci;)l?:;::;-'" 044440 
O~3i::::::'" ::U:i 2400 
[10134'" 1C(5'~HXi 
001:3:5"" 0:3'0.:.1·:3:6 
001:3:1;'" 03:4441 
(1l~11::7'" ~)€1?4(iO 

00140'" (01)011 
O€11,:,U"'10241;;)Cl 
00142'" 024436 
0014::'" CG04:J) 
0(,144"" O:A433: 
00145'" 007400 
0014(: 000007 
00147'" 0504:::::1 
~')0150" 0:'·:1427 
001 r.=;::1.'· 022420 
()01.52··· 007410 
00153:'" (t2241.t..:: 
00:1.54'" 1013:00 
00:1.:55'" 00741(1 
001::,6'" 01.041:: 
I?0157"' 0144:13 
~J01t:O" 00077:1. 
OOJ(.::1 .. ·· 0::(14:17 
(H)1t~2" 0::4415 
OOH~::'" 007400 
00164" 000013: 
00165'" (1~J74lXl 
(10166'" 000010 
(101(:7" 00(131)"' 
001?0' >?~J0107··· 
00171'" I~OO(i01 
0017;2" 00[10(11 
0017::" ':;0017"~'" 
00174': 04211211 
(i017S'" 052101 
[{H 76'" OOOOOC 
:jOi 77'" O::~:;455 
00200" OOOC1~~il 

(ifi(1~~01'" 

STr! 
. CF!ll 
(JET 
STFi 

CREFiTE: SUE: 
t'tO'·." 
l[:Ofi 
L[:Of! 
'.cr.:: 
U. CPT 

or-'H~: sue 

LOOPl: 

L[:oJ:l 
lD::j 

LDF! 
,JSF: 

II~ .• I?~'N 
::,:,1 t-, , 
L[:'11 
L['fl 
,JSR 
LDI=t 

.J::::i~~ 

I5Z 
[:.SZ 
,.TrW 
U.:oF: 
LDf! 
.J';!? 
O. [OF 
·Jsr::: 
0. CLO 
.O-=iLL 
PETUPN 

::'TPn:-i[:': . E:U: 
[:U::S I Z: . [:u 
. FNt~t'1[: n~f!!"!E 

FNf!t,IE : . T::<T 

[:0[:005: 
. [:UFFF" 
UE><T4==. 

. elf:: 
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1 .. E:LkSIZ 
0., !~) 

0 .. 1 
2: . n~At'IE 
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APPENDIX 4 

Circuit Diagrams 
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APPENDIX S 

DESIGN OF A.SOUND SOURCE SUITABLE FOR MODELLING 

1. INTRODUCTION 

A paper by Watters (AI) describes various instrumentation techniques used 

~n modelling. He concludes that the simplest non-directional sound source 

~s an electric spark source. Veneklasen (A2) described a sound source that 
. . r d d consIsted of a small spark gap f~xe about once a secon. In the same 

paper he described a sound source consisting of intersecting jets of air. 

Four jets are used and he now uses nitrogen instead of air, probably 

because the model is tested in a nitrogen atmosphere to reduce a~r 

• absorption. The advantage of the jet stream source is that it can be 

continuous but this benefit is not required in this work and so it was 

decided to use an electric spark source. 

2. MICROPHONE NOISE LEVELS 

In order to establish the required sound output of the source it was first 

necessary to measure the circuit noise of the microphone and preamplifier 

combination. The microphone used was a B + K 4135 til condenser microphone 

and the preamplifier was a B + K 2619 preamplifier. The combination was 

connected through a B + K amplifier and B + K 1614 filter set and then to a 

B + K 2307 chart recorder. The results are shown in fig. AS.I. The test 

was done in a dead room and repeated with the microphone replaced by a 

6,5pf capacitor. The results were very similar. 

3. SOUND SOURCE 

The sound source consisted of a.4U F capacitor changed to approximately 

2,2kV. The capacitor was charged by a simple half-wave rectifier and the 

voltage was controlled with a variable autotransformer. The spark was 

triggered by a lower energy spark from an induction coil of the type found 

~n motor car ignition circuits. This was also used to start the converter. 

The electrodes were at first made of steel but this was burnt away by 

the spark and the electrodes were changed to 2nm pencil leads. The gap 

between the electrodes was Sum. The circuit of the spark source is shown 

in figure A2. 
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4. OUTPUT POWER 

The sound source was tested for output power and directionality in the dead 

room at a distance of O,3m. This distance was chosen as it represented a 

similar distance to that between the microphone and sound source in the 

model of the reverberation room. The variation in output power was found 

to be less than 2dB in all directions. 

The output sound pressure level of the sound source is shown in 

figure A3 together with the circuit noise level of the microphone and 

preamplifier. It can be seen that between 2kHz and 125kHz the signal to 

noise ratio is greater than 50dB peak. This would therefore provide a 

sufficient signal for the model and converter. 

Bibliography 
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