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PREFACE. 

This dissertation is submitte~ for the degree of 

Ph.D. in Electrical Engineering at the University of Cape 

Town. 

The research for this thesis was carried out as 

part of the research programme of the Counci~ for Scientific 

and Industrial Research in their Acoustics Laboratories in 

Preto~ia. under the Promotion of Prof. R. Guelke and 

Supervision of Dr. J.P.A. Lochner. 

The investigation covered various aspects of the 
' 

-effects of a single delayed echo on the in tel~igibil:tty 

of speech and was extended to cover the case of multiple 

echoes which -1 s more in line with practical condi tiona 

than a single _echo. 

The application of·the results obtained to 

architectural acoustics and speech reinforcement is discussed. • 

. J .F. Burger ~~_..,.. __ _ 
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.1. . .1:NTRQIJUCTION. 

!t is 1re11 k.no'tm $hat th~ sound e.nergy reaching • 

listene!J 1n an enclo,$.$d ~~e1 Buoh as a ~om, consists of two 

part.s, viz. direct sound JW.d reflected or rErverb~rant $ound.,. 

In the vast maj-ority ot cases the t;otal energy received as a 

:result o.f reflections. from walls aqd ceiling, is at l·east equal 

to, and qui,te :freqtl,ently n:ru.ch more, than that recei. ved. directly 

from the souroe. 

Since the reflected sounds must of necessity travel 

further than thoee that reaoh the listener directly, they 

constitute in eftect a number of echoes. It is a charaeter..-

istic of the ear that, as far as directional location of the 

sound source is concerned~ only the first pulse of each pulse 

tl?ain is taken ~n to account. . ·The listener, therefore 1 ·will 

judge the direction from which the sound is coming1 as being 

that direction from wh;ich h~ receives the first pulse. ln 

the nol'mal 0a,se of a listen$r in a hall or a room, this will. 

of course be t:q.e d..irect sound. 

There is y.et another effect, however, 't•lhich has be.eh 

qualitatively and quantitatively examined by Haas l). This 

is namely that, provided certain conditions are met, the first 

pulse arriving at the ear of the listener effectively maaks 

all subsequent echoes of that pulse. Using a single artificial 

echo, Haas determined.,. by how· much the intensity of the e.eho had 

to be increased vvi th respect to the intensity of the pri.n:larY· · 

sound to appear to an observer to be just as .loud as th' 

primary tone at a given delay time be.tween them~ H.e used 

speech as tes~ing material; his results are shown 1.11; f~~~ 1. 

It is eVident that for ~ d@lay ti·Ill€ of say, 20 milliae-c~nds, 

the "masking 11 of the :primary sound is cons.t.a.e:rabl~, since for 

equal loudness the echo must h~ve a power of about ten times. 

that/ .•. 

1) Haas, H.: liUeber den Einfluss eines Einfachechos auf die 
Horsamkeit von Sprache 11 Aeustica 1 (1951) 
pp. 49 - 58. 
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that of the primary sound. 

The initial pulse, therefore, serves to indicate the 

direction from which the sound is coming, and secondly masks 

the subsequent echoes, which in most cases may be arriving from 

many different directions in a random manner. No,;, although 

in a well designed auditorium or in a smallish enclosure 
/ 

't-vhere the delay times are short, the ear does not notice the 

echoes as such, their energy is not lost, but. contributes very 

much to the apparent level ~~d intelligibility of the received 

sound. In fact, an integration of the· primary sound and 

echoes is performed by the ear, analogous to the -vmy in which 

the eye can integPate a flickering ligh'G or light pulses, to 

obtain an effect of continuity •. 

The exact vmy in which the ear integrates the echoe.s 

o:f speech sounds has been a rna ttel"' of speculation for quite 

some time. Von B~k~sy 2) has measured how the loudness of a 

pure tone increases with time aftel" initiation, and found tha'ti · 
! 

it reaohes a maximum after about 200 milliseconds, as shown in 

figyre .2. · The subsequent decrease is due to fatigue effects. 

Munson 3 ) repeated these measurements, and obtained 

results which, though differing in some respects, at least 

confirmed that integration continued up to about.200 milli-

seconds. 

Garner 4) using pure tone pulses of adjustable 

repetition rate as well as duration, tried more specifically 

to measure the integration characteristics of the ear, an~ 

2) V. Blk$sy, G.: 

3) Munson, A.: 

4) Garner, ~v .R. ~ 

came/ •••• 

"Zur Theorie des Horens 11 - Physik. Zeitschr. 
March, 1929, p.ll5. 

11 The growth of audit·ory sensation" ..,. J.Acous. 
Soc.America, July, 1947, p.589. 
11 Audi tor<J -Thresholds of short tones as a 
function of repetition rates 11 - ;J. Acous. 
Soc.America, July, 1947, pp. 600- 608. 
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came to the conclusion that integration occurred only over a 

narrow band. of frequencies, provided further that the signal 

was continuous. Thi·s conclusion would seem to exclude speech, 

which covers a spectr-Jm of a few kilocycles, and consi.sts of 

sounds esRcmtially t~r-ansient in cha:~a.cter ~ on the a"~terage of 

rough1;y 100:) m:tlllseeonds cturat:ton. Yet, in-Geg'l"'atj.on of 

speech does m.::~s·t definiteJ.y .occur, for a Elimple calculation 

can show that in a large hall, at a distance of say 60 feet 

from a speaker, the greater na:~·t of tha renei ved energy is 

due to reverberant souna.. If the intelltgibllity of' speech 

were due to the direct sound only~ the hlgh ratio of rever-

berant to direct sound would resnlt in extl"emely poor 

In a well designed hall this is manifestly 

not the case,. leading to the conclusion that considerable 

integration of the multiplicity of echoes constituting the 

reverberant sound must take place. 

Other workers 5 , 6 ), quoted by Haas, measured the 

integration of a single echo by observing the increase in 

loudness caused by the echo. The test signal, consisting of 

speech and music, was presented to the observer, ~rho then had 

to balance a..'1 800 cycle reference signal f'or equal loudnessli 

This balance was performed for test signals with and. ~'J"i thout 

the echo, a...'1d in tha majoriJGY of' cases they found that in the 

presence of an echo of e:nergy equal to that of the primary 

sound, the increase i<') loudnegs so obtained· exceedetl. 3 phons. 

This wou.ld i:tlcli.cate th<::.t ·che integl"ation p:""ocese did not 

consist of simple addition of energies. _ Haas, however, 

questions the accuracy of their results. In his case, the 
" 

observer had to increase the· level or the primary sound, after 

the echo had been switched off, until the primary sound appeared 

yP be just as loud as the .. Gomposite signal 6:- P:r'ima.ry sauna 

plus/ .... 

5) Aigner, F and StruttJ M.; Zeitschrift fUr Techn. Physik 
14, (1934) p .. 355. --

6) Li.incke, E, : Ze i tscbrif't f'iir Techn. Physik l5 ( 1934) p. 77. 
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plus echo had been. His method, therefore, while also bei:r,g 

one of equal loud..."'less judgement, differed from that of the 

previously mentione6 wo~ke~s in that the primary sound itself, 

i11steaa. o:f. a. pu~c-e tmJ.e, was uced as re:f'erenee signal. In 

the ca8e of d.elay 'Gi:ues not exceeding about 35 milliseconds, 

he fov.n0. tb.a t w·:t thout exception the increase in loudness, due 

to an echo Qf' loudness equal to that of the primary toneJ was 

three phons. Th:i.s is the ~"esul t that ·would be qr.pected if· 

the ear integrated by sim~Jl~ addition of ene~gieso 

I·t has been assumed. by some v;ro:eke!'G 7 ' S) that. the 

E:lar lntegrates speech over a perlod of 50 milliseconds. 

Others have variously taken the ~ntegration period as 62 

milliseconds 9 ) or only 30 mi.lliseconds lO) It seems 

unlikely, however, that the :tnteg!.'ation period will be a 

definite time :tnterval o"!er whlch complete integration. takes 

place, and that outside this interval no integration whatso-

eyer occurs. Rather, one expects that as the time interval 

increases, integration of the sound energy will gradually 

decrease, unti~ at some stage a masking effect might even be 

produced by the echo. 

In the design of audi toria, public adaress Eys·tems 

and the like, the problem of echoes becomes of para.n101J.n t 

importance. · Fer the reinforcement of sound, either by 

natural e.ahoes or a.J."ti:ficia:lly delayed amplified. sound., it is 

necesSal'Y ·t;o know how the contriqution of the echo to the 

intelligib.ility of' speech dt;1:pends on the d.e~ay time. In other 

7) Petzo~d, F.: 
8) Meyer 1 E.: 

9) Zwikker, C,: 

J,.O) Sawade, s.: 

words/ .••.. 

Elementare Raumakustik, p.e (Bauweldt) 
11Defini tion and. Diffusion· in Rooms", J • .Acous. 
Soc.Amer:i.ca 26 (1954) p.634. 
11 Verstaanbaarhe:td. van Luid.sprekerinstallatlesll -
IngenielU' (Den Haag) 44 {1929) p. 39. 

11 Bemerku.ngen zu einigen Problemen der Raumakustik1· 

Elektrotech.Yl. Ze:1. t. 71 (1950) p.245. 
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5 . . 
words, the fl:'action o:f' the echo energy that is integ:ratea. lf"l 

in all probabili·ty a fun.c cion of time, and it is necessary 

to kno-vr -vrhat that ft:.nction is. Furthermore, to obv:i.ate 

distu.l'b:tng echoes, it is necessary to know at what intensities, 

g:tven a certair~ delay time, an echo becomes audible and 

finally object5.onable. The ori terion proposed by Bolt and. 

Doak ll), bar<ed on the :r·estllts obtainea. by Haas and by 

themsel"tes, as "\vell as lat~r work by M~J.ncey, Nickson and 
., 0) 

Dubou~~ .! • ....., shows that the acceptabi1i"Sy of ec.hoes d.epends 

amongst; other things, to a ·large extent on the reve:"bera.tion 

time of the !'oom and that echoes become less noticeable as 

the reverberation time is increased. 

The object of the r~search herein described was 

twofold: First, to determine, as a tunct~on of delay time, 

at which intensity an echo beoame audible and eve.ntually as 

loud as the primary sound under non-reverberant oond.itions; 

and s~condly, ·co determine the law according to which the 

ear integrates echoes to enpance the intelligibility of 

speech, and its implications 1n arChitectural acoustics. 

' ll) Bolt, Rand Doak, P~: 11 A tentative criterion tor the 
short-time transient response of auditoriums" 
J.Acous.S':>c . .America. 22 (1950) pp. 507- 503. 

12) Muncey, R.W •. ~ ~ackson, A a.r~d D:rbout, P.: "The acceptabiiity 
of 8peech and. music with a single· artificial 
echo H; Acustica ~ (1953) pp. l68 - 173. 
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2. .APPARATUS .AND TESTING MATERIAL. 

The apre.:r.a'tus used to produce a _single artificial 

echo is sho1m rliat,~ammatical).y in .O&u:e 3. An erkdless loop: 

.of magnetic tape !,s d17iven_ at a speed. of 15 inches per seCQn~ _: 

by capstall C oY8l' ·tvro sets {)f eraseJ. record and playback 

heads El R1 P1 and E2 ~ ~ r~spectively, Between the r8COfd 

.,and pl~baok heads of each :set of heads, the tape has. ·to pas~ ' _ 

over pulleys Pl and P2• These pt:J.leys wex•e mou."lted. on a· 

carriage which could be moved by a wo~ gear towards either:. 

of the two sets ot heads, as indicated .by the arrows in the 

figure. 

Signal, applied to the two rAcord heads simul ta.neously 11 

will be reproduced by the playback heads atter a certa~i.n delay, 

determined by the d.i stance the t$-pe has to travel be tween the 

record head and its assooiated playback head. Hence, it the 

pulleys Pl and p2 are exactly in the middle, the delay time 

between R1 and P1 w~ll be the same as the del~ time between 

R2 and P2 with the result that there will be no delay between 

the signal from P1 and that from P2• As the carriage ca.:r-ry.1.ng 

Pl and P2 is moved from the centre position, the signal from 

P1 will lead or lag tha·~ from P2 -according to whether the 

carriage is mQvea. to-;,;e...rds P1 or P2 respectively. In this 

manp.er, d.ela;rs ranging f:r·om 0 to 500 milliseconds cou.ld ba - ' 

obt;ainad, wlth ei t:r..e:..~ of the two charmels ahead of the other. 

All ·the test material used was recorded on an Ampex 

model 408R tape recorder, at a speed of 71 inches per seoona. 

The signal :rrom the .f.:tp,rJeX -was fed to the record heads of the· 

delay mechanism 'thro'L!.gh .~ COlillil0-:0 ot'eMr<ling~ amplifi,er. From 

the tvvo playback __ e...rnp::_T_:i.f'iers of the delay mechanism, the two 

signals/ .... · 



a. 

The 11sts_were read.· at a constant speed, one line 

every seven seconds. Each line Qonsisted of an introductory 

phrase followed. by two t~st words, The speeoh level was 

maintained as constant as possible. A test signal of twelve 

seconds du.t>ation vvas recorded between lists for calibration 

purposes. 

For the bensf:i.t of .At'rikaans speaking observers 1 a. 

set of 17 Afrikaans word lists, similar to the Harvard PB 50 

lists, was drawn up r and recorded. in exactly the se.me way. 

These two recordings 'lj',rere then used in all the tests described 

hereinafter; about equal nurabG:t'f> ,yf mglish and .Afrikaa.:1s 

speaking observers were usec1c 
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3. TESTING PROCEDURE TO DETERMINE 11 THRESHOLD 
OF PERCEPTION 11 .AND "EQUAL LOUDNESS 11 CONTOUBS. 

,3,, 1 • Cgllbra tion of appat>R,:i:all?.! 

To ensure equal output from the t-vto channels, the 

following method was adopted: 

A lkc ~rrarble ·tone, ;1-reepi,ng through a 100 cycle 
. ~ -'·· · ·'· -- ·· ~ ·:- :t.":"'", • ':-r..::-·-·:·J~~-·! .. · ., ,. · · ..... •· ... · ·· · ·· · ·· · · 

deviation at a l"'ate of 32 times per second, was fed into the 

.Ampex recorder. The 'tves-tern Electric condenser microphone 

was suspended in the anechoic chamber at the spot where the 

head of a seated observer would normally be. Output from 

the microphone was fed to the level recorder, which fitted 

1vith a 10 db potentiometer, was capable of 0.1 db resolution. 

Hence 1 by switching on one channel at a time, it was possible 

to equalise the levels of the two channels by means of the 

stepped attenuators, the smallest steps of which were also 
' 

0.1 db. 

In order to be able to correct for drift in the gain 

of any of the electronic apparatus, a calibration signal was 

·recorded, as previously mentioned, in the intervals between 

word lists. This signal made it possible to ensure that the 

output of the tape recorder was maintained at a fixed level, 

simply by observing the outpUt meter on the Ampex between 

lists. .By connecting the Ballantine valve voltmeter across 

the output of the Leak amplifiers, the absolut.e level of the 

signal fed to the loudspeakers could be measured. An 

accuracy better than 0.2 db could be attained in this setting. 

It must be pointed out at this stage, however, that 

although the ~~o channels could be adjusted within say 0.2 db 

of each other, this did not necessarily imply that both would 

yield the same percentage articulation. The reason for this 
I 

is/ •... 



is that the test signal was still ·relatively of narrow band­

width, centered at lkc, whereas speeoh fills a much wider 

.band. Had random noise been used as a test signal, this 

trouble would not have been eliminated either since then the 

test signal would have covered a much wider band than the 

speech. As can be seen from the frequency response curves 

of figur~ ~' the two channels are very similar over the speech 

frequency spectrum, so that using a lkc warble tone would 

give, to a first approximation .at least, equal intell~gibility 

of speech for equal output of test signal. 

3.2. The threshold of P.fr~C.Jmti(m_.,~nd equal louo.ness contou.~s. 

3.2.1. Determination of t~eshold ,:1ontou,rs: 

The level at vJhich a single echo just becomes 

noticeable depends on two factors- the intensity of the 

primary tone, and the time delay between primary tone and 

echo. ·The tests to be described were performed at two 

different levels of primary tone, viz. at about 25 db above 

hearing threshold, and at about 50 db above hearing thr·eshold. 

'While the absolute levels of primary tone were kept constant 

for all observers, the value, referred to hearing threshold, 

of course varied from observer to observer, depending on the 

hearing threshold of the observer. The values of 25 db and 

50 db mentioned above are with respect to the average hearl.ng 

threshold of the five observers used in these tests. 
' 

Seated in the anechoic chamber, the observer was 

presented first with signal from the primary loudspeaker 

The signal consisted of Harvard Articulation Lists, 

as previously described in section 2.2. With a certain 

fixed delay between the two channels, the echo loudspeaker 

was. gradually turned up, until the observer indicated, by 

pressing/ •• ~. 
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pressing a button, that it v-ras clearly audible. 
' / 

Having heard how the. character of the sound alters 

as the echo increases, the observer was next told that he 

should judge whether he could heal". the echo loudspeaker as a 

sepa..'t"ate source during a giV$n group of signals. Each group 

consisted of three lines of a Harvard list and the observer 

had to indicate after each ·group had been heard, whether he 

had heard the echo loudspeake~ or not. Indication was·given 

by pressing one of two buttons, 11 yes 11 or "no 11 • Test sessions 

usually lasted for about half and hour, after which an 

adequate rest period was allowed. 

For each delay time, the intensity of the echo 

loudspeaker v.ras varied by an integral number of decibels, in 

more or less random fashion, after each group of three lines 

had been presented to the observer. After each groupJ the 

observer gave his judgement and to facilitiate interpretation, 

the results were plotted as shown in figure 7, which is a 

typical example of the results obtained. As will be seen, 

each "non or 11yes 11 judgement was noted by means of a dot on 

the appropriate line 13), at the level at which the judgement 

was made. During the course of the test, each setting of 

echo loudspeaker level was presented to the observer twice. 

A vertical line was then drawn through the points in such 

a way that the number of 11 no 11 judgements falling to the right 

of this line was equal to the numbel' of 11 yes 11 judgements 

falling to the left of the line. This line was then taken 

as indicative of the level at which the echo loudspeaker became 

audible to the observer as a separate source. 

The/ .... 

13) This is a standard method. cf.Churcher, B.G. and King, A.J. 
"The performance of noise meters in terms of the primary 
standard 11 - Journal of the Institution of Electrical 
Engineers, July 1937, p. 57. 
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The tests were performed, at each value of delay 

time chosen, with first the one, and then the othe·r channel 

leading in time. In this way, inequalities that might have 

existed. between the two channels (due to slight differences 

between the loudspeakers) tend to cancel, and any possible 

directional bias on the part of the observer is also canaelled~ 
-

Eigure 8 shows the results ·obtained with one of the observers. 

The circles indicate that the left hand side channel was 

leading, and the dots that the right hand side channel was 

leading. 

Five observers were used for these tests, which were 

carried out with delay times ranging from zero to 120 milli­

seconds, and in f.;i..gt.u:e 9. the mean results of each observer 

are shown, and in f.~e ll the best curve through the mean 

.of these points, for a primary tone having a level of about 

25 db r~ hearing threshold. The tests vrere repeated with 

the same five observers, 'tvith. a primary tone level 25 db 

higher, i.e. at about 50 db_above hearing threshold. 'l'b.e 

results are shown in figures 10 .Md 11. 

3.2.2. Determination of egual loydness contou~a: 

The technique employed in;this series of tests was 

substantially the same as that described in the previous 

section, except that in this case, of course, the observer 

did not indicate audibility of the echo loudspeaker, but 

rather which of the two channels sounded the louder. 

judgements were not permitted. 

"Equal 11 

As before, the tests were carried out at two different 

levels of primary tone, viz. 25 and 50 db above average hearing 

threshold. The results, being the mean of the same five 

observers that carried out t:he tl:Ir'eshold tests of section 3.2.1 

are shown in figures 12. and 1:4. for a primary tone level of 

25 db/ ...• 
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25 db, and in ,f,igures 13 an(\ J,4 for a level of 50 db. 

3 .• 3. Estimate of acc}lracy of result.~. 

3 e 3.1 ~ The threshold contou,rs: 

To estimate the accuracy of the contour obtained 

with a primary sound of 25 db above hearing threshold,· the 

points obtained by the five observers at a delay time of 80 

milliseconds were_considered. Reference to figure 9 shows 

that the spreadat 80 milliseconds is representative of the 

spread obtained at other delay times, and if anything, 

slightly greater than average. Calculation shows that the 

standarddeviation 14 ) at 80 milliseconds is about 2 db. 

In the case of the 5C db curve (figu:r:e .lQ) if the 

points obtained at a delay of 20 milliseconds are considered 

to be representative, if somewhat pessimistic., of the spread. 

obtained for this curve, the standard deviation works out at 

2 db. 

3. 3. 2. The eQ,ual J.,oud,ness contours: 

In the case of the 25 db contour, the points obtained 

at a delay of 50 milliseconds (see figure ],~).were used to 

calculate the stand.ard deviation (about 1 db). 

In the case of the 50 db contour, analysis of the 

points obtained at 50 millisecond delay (figyre l3) shows the 
' 

standard deviation to be about 2 db. 

The standard deviations found above are of the order 

obtained with subjective tests of this sort 15). At the 

shorter/ •... 

14) Mounsey, r: Introduction to statistical calculations 
p. 139. 

15) Richardson, E.G.: Technical Aspects of Sound (Elsevier) 
p. 162. 
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shorter delay times, i.e. 20 milliseconds and less, the 

accuracy ls probably a bit less, in view of the larger 

spread ana. greater deviation of mean points from a smooth 

curve 1 that have been obtained here. 

3.4. Discussion of the results obtained. 

~.4 .1.. Threshold of ;gerception contours: 

Reference to ,figu,re, J.l shovTS that the level of the eoho 

" re the primary sound. is not the same function of delay time 

for both the values of primary sou..."1d :intensity considered. 

The general appearance of the curves is similar, though, and 

it appears that, for a given delay time, the ratio of primary 

sound to echo must increase if the level of the primary sound 

increases, if the echo has to remain inaudible. 

3,.4.2. Eqv,gl loudness contoyrg: 

Again, the level of the primary sound appears to have 

some effect on the shape of the curve obtained. · Haas did 

not find this effect, and it is possible that the presence of 

vestigial echoes in hi$ tests may account for this. Much 

more intereRting, however, is the fact that the curve 

obtained by the present vJ"!'i ter differs somewhat from his 1 

as figure 15 will show. This figure show·s the results 

obtained by Haas, with the 50 db contour of figure 14 super-

imposed (dotted line). It is possible that these dif~erences 

are due merely to inaccuracies of measurement or judgement. 

On the other hand, it is suggested that the vestigial echoes, 

that have previously been mentioned as possibly being present 

in Haas's tests, may account for the differences. .Another 

possible source of error might be the fact that his equipment 

did/ •... 
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did not allow the echo signal to be presented first through 

the one, then through the other channel. The results 

obtained can be measurably affected by differences between 

the two channels in high-frequency response, such as may be 

occasioned by slight differences in otherwise identical 

loudspeakers, or slight misalignment of one of the playback 

neads,; 

In figgre l6 is sl;lown the threshold of perception 

and equal loudness. contours obtained with a 50 db primary 
\ 

sound. The curious fact emerges that for delays of less 

than 2.5 milliseconds, the threshold contour lies higher than 

the equal loudness contour. The explanation here is that 

the observer was tole, for determination of- the threshold 

contour, to press the 11 yes 11 button only when he could 

definitely hear sound coming from the echo loudspeaker, as 

a separate source. Now, at fairly longish delays, this is 

easy since a definite echo can be heard when the echo loud­

speaker reaches a certain level. At shorter delays, however, 

no distinct echo can be heard. As the echo loudspeaker 

increases in intensity, a change in the quality of the sound 

is first noticed. The initiated listener w.ill realize that 

this is due to the echo loudspeaker, and will therefore, 

strictly speaking, be aware of its presence. Still 1 at this 

point, had the observer not previously known of the presence 

o·t the e·cho loudspeaker, he would no·t yet have become. aware 

of its presf9nce. Hence the instruction to the obse~ver to 

signal awareness only when he could definitely hear signal 

coming from the echo loudspeaker. Consequently at very short 

delays the observe;ra sensed that the two loudspeakers were on, 

and even judged them to be equally loud, long before the echo 

loudspeaker could, as it were, override the primary loudspeaker 

and/ ••.. 
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and force its attention on the observer. Observers also 

experienced much greater difficulty in the threshold judgement 

for delay times up to 10 milliseconds than for the longer 

delays. 

Finally, mention must be made of a curious phenomenon 

observed in the course of these tests. As has already been 

pointed out, the delay mechanism allowed the echo to pass 

through zero from the one to the other channel. When this 

was _performed slowly, with both channels at the same level, 

it gave the impression to observers in the anechoic chamber 

that the apparent sound source moved from one side to the 

other, passing close to the head, somewhat higher and to the 

front of the observer. itJ'i th no delay, the sound source 

, seemed to be, roughly, in the same position relative to the 

observer as the live speaker had been relative to the micro­

phone when the recording of the testing material had been made. 

This was observed for the case where the two loudspeakers 

were connected 1n nhAse • ·When they were reconnected to be 

.in antipha.se the sound source seemed to travel again from one 

side to the other as the delay was moved through the zero 

position, but this time the apparent sound source, at zero 
• 

delay time, was located seemingly 1gsi~e the hea.~ of the 

observer, slightly tow~d the back, but at the level of the 

ears.· This effect was obtained at every point in the 

anechoic chamber equidistant from the two loudspe8,kers. 

When a slight delay was introduced, moving to a point closer 

to the echo loudspeaker and further from the primary loud­

speaker, again brought on the sensation that the sound source 

was inside the head of the observer, when a point was reached 

where both signals again arrived simultaneously. 

The condition where identical signals arrive 

simultaneously but in antiphase from two different directions 

at/ •... 
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4. INTEGRATION CHARACTERISTICS OF THE EAR. 

:4,.],. ],. General consictera.t1ons: 

To measure the integrating characteristics of the 

ear, Harvard PB 50 arti·culation test lists were used, as in 

the previous tests. As is well known, the articulation 

score ·obtained by an observer under a given set of conditions 

can be distressingly yariable, and the variation from observer 

to observer much greater still. Clearly, therefore, to 

obtain reasonably reliable results v'lith articulation tests, 
I 

. the :following conditions, necessary but not sufficient, have 

to be met. 

(1) A great number of tests must be performed, in order to 

obtain a reliable average. 

(2) Tests conducted '!;vi th a given observer must, for the 

sake of consistency, be Carried out in as short a 

time as possible. It is not advisable, for 

example, to carry out one half of a test on one 

day, and the other half the next day~ 

{3) Reasonable care should be eocercised in the choice 

of an observer. A person who is incapable of 

sustained albeit not too severe concentration, 

will yield clisappointing results. Unfortunately, 

this inability is usually only detected after at 

least one test has been performed. 

4.1.2. Principle: 

As is kno~rm, the percentage articulation obtained 

by a given observer is, all other things being constant, a 

function of the level at -vrhich the words are heard. In 

!igure 15 is shown a curve of percentage articulation vs. level 
, . 

in ~b re hearing threshold. The curve shovm was obtained 

during/ •... 

"'i 
-------------------------------------~----------------------------------~ 
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articulation vs. power output of ~ of the channels would 

likewise have shown a shift of 3 db, since again a doubling 

of the sound energy at the ears of the observer would have 

occurred. 

It now remained to be seen if this method would work 

in practice, and what degree of accuracy could be obtained· 

with it. If successful, . the method could be used to measure 

the integrating properties· of the ea~, by simply finding, 

for a given delay, what the horizontal shift of the curve 

would be as compared to one obtained with zero delay between 

the two channels. 

The procedure followed in the preliminary tests to 

check the accuracy of the method, and in the subsequent tests 

with delayed echoes, is described in the following section. 

4.1,3. ~~scr~~ion of preliminary tests to cbeck the 
accuracy of the method: 

The apparatus was set up exactly as for the equal 

loudness and threshold of perception tests described in 

previous sections. The calibration was per~ormed as set 

out in section 3.1.. Test sessions were started off by 

playing to the observer, seated in the anechoic chamber, a 

word list through one of the channels. Beginning at a low 

level of only a few db above hearing threshold, the s~e list 

was played over about four times, the level being increased 

by five db after each playing. This served to accustom the 

observer to the tests, and also showed roughly at which 

level he attained a 50% articulation score. This level 

varied from observer to observer, depenCi.ing amongst other 

things, also on their individual hea~ing thresholds. 

Having ascertained where the observer would score 

50%, the test proper was started by le'ti-Ging the observer 

write/ .... 
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write three complete lists, presented to him throu~ one 

channel only, at a level about 10 db lower than that required 

for 50% articulation. This channel will subsequently be 

referred to as 11 the first channel". Then, the level was 

increased by 4 db by means of the Daven attenuator and the 

same three lists again played to the observer. This process 

was repeated twice more, tne level being increased by 4 db 

for each repetition. Such a session took about 45 minutes, 
' 

and after its conclusion the observer marked the lists he 

had written. This part of the test will subsequently be 

~referred to as Test 1. 

The results were plotted as shown in figu~e lS• 
The mean of the· three scores obtained at each level was found 1 

and the best_ straight line drawn through the four points thus 

obtained. The level at which a score of 50% was obtained was 

then obtained from th~s line~ It will be notiQed that the ' 

levels at which the lists were presented, were so chosen that 

the scores obtained straddled the 50% articulation point. 

Figure l8 is a typical example of the results obtained.· 

Next, the two attenuamT-amplifier-speaker channels 

were connected in parallel to the output te~minal of the 

left hand side channel of the delay mechanism. Effectively 

therefore, the left hand side and rigb,t hand sid.e speaker 

channels were in parallel since bothreceived the same signal 

from the left hand side channel of the delay mechanism. 

By means of the Daven attenuators the two channels could be 

adjusted for equal output, using the Weste!'n Electric 

condenser microphone and BrUel and Kjaer level recorder to 

measure the loudspeaker outputs, as described in a previ~us 

section. By using the Ballantine valve voltmeter to measure 

the voltage fed to the speaker used in the test just described, 

it could be reset to exactly the same levels as in the test 

where/ .... 

• 
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where the second channel was not connected in parallel. T.his 

was necessary since connecting the two attenuators in 

parallel to the delay mechanism loaded the latter so that a 

drop in output of approximately 2 db occurred. 

Three further lists were now played to the observer. 
-

As in the first part of the test, these lists were repeated 

at increasing levels, until the observer had written the 

group of three lists at fo~r levels. As before, these 

levels were spaced three or four db apart, and were so chosen 

that they straddled the level required for 50% articulation. 

During the course of the test, the two loudspeaker channels 

were of course kept in step by varying both Daven attenuators 

simultaneously. The levels noted were, however, those of 

the first channel. They referred (being in db) to the same 

arbitrary reference level of electrical output from the Leak 

power amplifier, as was used as reference in the first part 

of the test. The results of this second test, subsequently 
• 

referred to as Test 2, were plotted exactly as before 

(figure :W). 

Finally, the apparatus was reconnected as for Test 1. 

This time the first channel was muted, after the channels had 

been readjus·iied to obtain equality. The second channel was 

now used, and the observer was given yet three more word lists 

at four levels, exactly as before in the first part of the 

test when the other channel was used. Again, the results 

wel;'e plotted as before and the best st1•aight line drawn 

through the mean points obtained. The levels in this part 

of the' test were referred to a reference level which would, 

with this second channel, give the same acoustic output (as 

measured with the condenser microphone as before) as the 

reference levef, used in test 1 and test 2, would give with 

· ~he first channel; and this test will be referred to in 

future/ •. !. 
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future as test 3. 

An_illustrative example might help to clarify the 

measuring procedure just described. 

Test 1. 

50 millivolts acr9ss spe~er 1 voice coil assumed to 

.~ive, a l~V·~l ~l at q;'bQV,~ ~e'~~n.g; tihre.sb.old, 

Channel 1 attenuator setting for 50 millivolts across 

speaker 1 voice coil:-' 5.7 db 

Channel 2 attenuator setting for equal sound pressure 

(measured with condenser microphone):- 6.3 db 

Voltage aero ss voice co.il of channel 2 speaker with 

attenuator set to 6.3 db~- 51 millivolts 

With channel 2 muted, articulation lists are presented to 

the observer at the following settings of channel 1 attenuator 

(db) ·, 
27.7 24.7 21.7 18.7 

" Hence, the corresponding respective levels re the assumed 

arbitrary hearing thre$holds are 

9,0 12.0 15.0 18.0 db 

Test 2· 

Channels 1 and 2 connected together to one of the 

output amplifiers of .the delay mechanism. 

Channel 1 attenuator setting for 50 millivolts across 

speaker 1 voice coil! 4.6 db. 

Channel 2 attenuator setting for equal sound pressure 

(measu;r-ed vTi th condenser microphone) 5. 6 db. 

Articulation lists are presented at the following 

attenuator settings:, 

Channel 1 attenuator: 29.6 26.6 23.6 20.6 

Channel,2 attenuator: 30.6 27.6 24.6 21.6 

Hence the level of ~ channel re the same hearing threshold 

as assumed for test 1, is 6.0 9.0 12.0 15.0 db respectively. 

T.est 3/ •... 
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Test 3 

Channels reconnected as for test 1. 

Channel 2 att.enuator setting for 51 millivolts across 

speaker 2 voice coil: 6.3 db. 

Channel 1 muted, lists pre sen ted vd th channel 2 

attenuator settings of 28~3 25.3 22.3 19.3 db. 

corresponding to levels re the previous assumed 

threshold of 9.0 12.0 15.0 18.0 db respectively. 

These a:re not ·actual figures, but were chosen merely 

for the purpose of illustration. 

To resume. The levels at which the observer scored 

50% were found from the best straight lin~s drawn t~ough 

the points obtained. The mean of the levels required for 

50% articulation in tests 1 and 3 should theoretically be 

3 db higher than the 50% level of test 2 since in the ,latter 

test the power 't"J'as tvJice as much as in tests 1 and 3. 

As is evident from the foregoing description, the 

tests were performed to the following pattern: One channel 1 

both channels together, finally the other channel. The 

reason for adppting this procedure was threefold. 

(1) Some observers vJere found to attain consistently 

higher scores vvhen the sound reached them from one particular 

dire-ction than when it came to them from the other direction. 

'W'ha tever the reason for• this effect 1 errors which would have 
' ar.isen had the single channel test been confined to one 

where the sound came from only one direction, tend to cancel. 

Since in the case v1here both channels are on the sound 

reaches the observer from both directions, the result ot this 

test can only be compared to the mean of the results obtained 

with sound coming fil"•st from one, then from the other side. 

(2) Some/ ••.• 
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(2) Some obse;r-vers continued "learning" as the tests 

continued. This means that the level required for 50% 

articulation· under other-v1ise constant Qondi tions, would 

decrease with each successive test. Of course, there is a 

limit t0-this lear-ning process, but provided it is a linear 

function of the number of tests performed for the three tests 

under consideration, the effect can be nullified by placing· 

the "two channel 11 test in the middle. For example, if the 

50% articulation level decreases by n db for each success;Lve 

test, the second test would yi~ld an answer that was n db 

low. The third test would ·give an answer 2n db low. 

And the mean of the first and third tests would be n db low, 

exactly the same as the·second test, resulting in complete 

. cancellation of this error. Even "tvhere the 11 learning 11 is 

not a linear function of number of tests performed, this 

method still minimizes errors arising from this cause. 

(3) Possible inequalities that might exist between the 

two channels because of slight differences between the two 

loudspeakers are to a large extent cancelled. It must be 

remembered that the -vrarble tone test signal did not cover 

the whole speech frequency spectru~ band, and therefore 

equal warble tone output did not of necessity imply equal 

intelligibility. 

4.1.4. Resylts of preliminary tests with ze~o dela~: 

The results obtained are given in the following 

table: 

26/ •••• 
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I I i i Level (in db re an arbitrary I 

Observer ! I 

I reference) required for 50% I 

l articulation. -
I 

Channel I Channell 
I 

I Mean Both Diffe:r>ence 
I 1 I 2 I Channels 

I 
J .s. 15.1 13,9 14.5 11.0 3,5 

P • .L.B. j 14.2 I 16~6 15.4 12,3 :3.1 

I I 

P .B. 15.4 I 15".0 15.2 12,2 3~0 I 
i 

I 
i 

J.S. I 
I 15.9 14"~8 15.4 12.4 ! 3.0 I 

I I I Mean value' 3.1 
j -

I 
! ! 

T'.ae results tabulated show a standard deviation of 

0.2 db. The method is therefore probably of sufficient 

accupacy to warrant an attempt to use it in dete:r>mining the 

integrating cha:r>acteristics of the ear for a single delayed 

echo. 

4.2. Tests with a single delaye§. echo of the sgme 
intensity as the primgry sound. 

Fundamentally~ the method is the same as that used 
' in the prelimina:r>y tests; the procedure adopted was as 

follows: calibration and adjustment of the equipment 

proceeded as set out in section 3.1. A single word list 

was played to the observer at increasing levels, to obtain 

a rough idea of the signal strength required for 50% 

articulation. Once this had been obtained, the following 

sequence was followed. 

Test A· With a certain delay bet,v-een the channels (adjusted 

for equal output as described in section 3,1) three wo:r>d 

lists were given to the observer at a ~evel chosen to yield 

a percentage articulation of about 20%. The level of both 
' 

channels was then increased by 3 db and the same three lists 

" repeated! ••• 
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repeated. This was repeated for two more levels
1 

each 3db 

higher than the previous one, giving articulation percentages 

that would straddle the 50% articulation mark. In short, 

this test ~nras a repetition of test 1 described in detail in 
/ 

section 4.1.3 except that the second channel was also 

switched on, and delayed by a definite time interval with 

respect to channel 1. The results vJ'ere plotted exactly 

as before, and the best straight line drawn through the four 

mean values of articulati.on percentage obtained. 

Test .B. For this test,. the two channels were again connected 

in parallel to one of the output amplifiers of the delay 

mechanism~ .. This test was an exac·c repetition of test 2 of 

section 4.1.3. The results were plotted in exactly the 

samewa:y • 

. ~est .C. proceeded ln the same way as test A except that the 

second channel now supplied the primary sound and the first 

channel the echo. This was achieved by adjusting the delay 
1 ' 

on the delay mechanism to minus the value it had been set 

to for test A of this section. In other words, the pulleys 

p
1 

and p
2 

were set to the opposite side of the zero position 

(see figure 3) at a distance from the zero position equal to 

that employed in test A. 

test A. 

The results were plotted as for 

Briefly, therefore, the sequence was: Echo (channel 

2 behind channel 1), no delay. Echo (channel 1 behind 

channel 2). Once more, the example given on page 23 will 

serve to illustrate the relations between the various levels, 

except of course for the fact that now· both channels were 

adjusted for equal output during all three parts of the 

experiment, and not only during the second test. 

As/ •... 
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As before, the levels (r$ a constant arbitrary 

·threshold) required for 5o%'articulation were found. The 

mean of the 50% level of test A ana the 50% level of test 0 
. 

was obtained, ana compared with the 50% level of test B. 

Since test B represented in effect perfect integration, it 

follows , that less than perf_ect integration would result in 

a displacement of the curves of tests A ana C towards the 

right. In other woras, tests A ana C would require a higher 

level for 50% articulation than test B. If the mean of the 

50% levels of tests A ana C were 3 db higher than the 50% 

level of test B, this would imply that neither integration 

nor masking had taken place- in other words, the echo had 

had no effect. 

One more point about the method employed here perhaps 

needs additional elucidation. It is clear that the extent 

to which an echo is subjectively integrated with the primary 

signal of equal intensity can be determined in t,vo ways -

by comparison with a single signal or by comparison with two 

perfectly integrated signals with equal intensities, i.e. 

two equal signals with zero delay bet·w-een them. Stated other­

wise, one can determine by how much the presence of the echo 

improves the effective level above that obtained with the 

pri~y tone alone, or one can determine by how much the echo 

falls short of being perfectly integrated. 

If the former comparison had been made, t-v1o reference 

tests would have been necessary - one with channel 1 alone, 

ana one with channel 2 alone, resulting in a total of four ' 

tests. If, however, the two reference tests are made 

simultaneously, i.e. both channels on simultaneously, one test . 
suffices as reference, but this reference is then of course 

the case where perfect integration takes place. 

4.2.2. Results/ ••. 
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i. 2 • 2. · Results: 

The measurements described in the previous section 

were pe~formed for delay times ranging from zero to 120 milli-

seconds., The results of these measurements are shown in 
-

figure 19, which depicts, as a f'unction of delay time, by how 

many db the equivalent signal level was increased by the 

presence of the echo. Or stated in other 'WOrds, by how much, 

as far as the ear was concerned, the useful signal had been 

increased by the echo. 

Eigure 19 may be redrawn to show what fraction of 

the echo had been integrated by the ear. For example, since 

the primary tone and echo were always of equal power, an 

increase in effective level of 2 db means that 0 •. 58 of the 

energy of the echo has been integrated by the ear. 

Figy;re 20 shovm the relation of fraction of echo 

energy integrat~d with a primary signal of equal intensity 

vs. delay time between the two signals in milliseconds. 

4.3. E;Cfect of an echo of .... 5 db re primary tone. 

:1·.3,1. Method: 

To investigate ho·~'ll' the ir:.teg:r•ation cha'l:'acteristic 

of the ear was af'fected by the level of the echo, the methods 

used in determining the 0 db echo integration curve were 

adopted for the case of an echo of level -5 db r~ the primary 

sound. 

Setting up of the apparatus proceeded as in the case 

of the 0 db echo. " The test sequence and procedure also 

remained the same, except that now, in tests A and C (refer 

to section 4.-2.1.) the echo channel was adjusted to a level 

of -5 db.with respect to the leading channel. Test B 

remained unaltered v.ri th both channels set to equal levels. 

As/ •.• 
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As the reference test B represented perfect 

integration of two equal signals, the mean 50% level obtained 

from tests A and C should be displaced by 1.8 db if perfect 

integration of the -5 db echo took place. This is, of course, 

because addition of energies at levels of 0 and -5 db results 

in an increase of 1.2 db. As before, test~B was done with 

both channels equal because' this took care of both channels 
' 

(and,both ears ot the observer) simultaneously 1 thereby 

reducing by one the number of tests that would otherwise have 

been necessary, ,. 

;4,. 3,2, Re sul t,s: 

The curve of figu.re 2.1 shows, for delays between zero 

and 100 milliseconds, how the energy of a -5 db echo is 

integrated by the ear. To be more precise. it shows, as did 

figu~e 19 how the effective signal level is affected by the 

presence of the echo. 

4,.4. ~ Effect of an eqho of level ~5 db re the primary tone. 

4.4.,1. Me tho§;: 

I 

The method used was id'entical with that used for the 

~5 db echo 1 except that in tests A and C the echo channel was 

adjusted to a level of •5 db r~ the l~ading channel. 

:4.. 4 .. 2. Re eY.l]s: 

The results of these measurements are sho1,.rn ih 
' figure 2.2 for delay times between 0 and 105 milliseconds. '--/ 

4.5. Dependence of the integration characteristic ot 
the ear on'the level of the primarY signal. 

4. •. 5. J.. General conside,ra,tions: 

To determine hovr the absolute level of the primary 

sound and the echo affectsthe integration characteristic of 

the ear, it was necessary to perform at least the tests with 

an/, •• 
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an echo of equal loudness at a considerably higher level than 

before. Since in the tests described in seotion 4.2.1. the 

absolute levels at which the tests were performed were 

determined by the levels at which the observers obtained 50% 

articulation, these levels were rather low, being of the 

order of 25 db r~·o.0002 dynes/cm2• 

In order to be able to increase the levels withQ~t 

also_ increasing the percentage articulation, it was necessary 

· to introd.uc,e some artificial masking. 

random noise as an interfering signal. 

This was.done by using 

4. 5,.,2,. Met.bpd: 

The masking noise came from a loudspeaker suspended 

in the anechoic chamber at a distance of about 8 feet from 

behind the seated observer, and directed at him. The noise 

level produced by this loudspeaker was adjusted to give 50% 

articulation scores at a level about 25 db higher than was 

the case in the previous tests. 

The tests described in detail in section 4.2.1 .. were 

then repeated, in the presence of the masking noise. F:i~e 

~shows the results obtained (dots). The solid line is 

that of ~~ .l$. and is shown for reference purposes. 

4.6. 'lhe integra't.ig..rL.of: ;nyltJ.ple echoe,s. 

4 • 6 ·l· GeneJ:!al rem9J.:K..!l: 

In L~re 20 it was shown how the fraction o~ the 
\ 

single echo integr8.ted by the ear varied with delay time. 

In practice, hov.rever, single echoes are comparatively rare, 

and it is theref .. ore of interest to knovr if this integration 

characteristic holo.s also for multiple echoes. A series of 

experiments ·was therefore _performed, in which a primary tone 

and three echoes were used. 

4.6.2. Apparatus/ .•• 

.. 
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The mechanism used to obtain the four signals 

required, consisted of a 11 Pamphonic 11 delayed sound reproduction 

apparatus. Essentially 1 this machine comprises .a recording _ 

amplifier, and the usual erase and bias high-frequency sources 

normally associated with tape recorders; one recording, one 

erase, and four playback heads; and four independent play-

back amplifiers. Instead o.t on tape~ this machine records 

signals fed ~nto it on a rotating disc which has been given 

a magnetic coating. The s;tx heads are spaced around the 

periphery of the rotating disc, and are arranged in the 

following sequence: record head, four playback heads~ erase 

head. 

Cont-inuous operation therefore occurs, in which a 

signal is carried by the rotating disc from the record head, 

past the rour playback heads in succession, and is finally 

erased. By altering the spacing between the tour playback 

heads, different delay times may be obtained ranging f:J;tom 

roughly 25 milliseconds to about half a second. A separate 

gain control 2n each playback channe~ enables the level ot 

each channel to b~ adjusted quite independently from that of 

any of' the others. 

The .Ampex tape reco-rder was used, as before 1 to supply 
-

the testing material:;·wbich was fedto the 11 Pamphonic 11 delay 

mechanism through a low-pass fil 'tE?r cutting off at 4 kc-s. 

This filter was found to be necessary, as otherwise the high 

frequency responses of the four playback channels were too 

dissimilar. 

From the delay mechanism, the four signals went to 

four output amplifiers and thence to four.Goodmans Axiom 80 

loudspeakers, mounted on_ 24 11 x 24 11 baffles in_the anechoic 

chamber. The height of the loudspeakers above the floor was 

chosen/ ... 
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chosen to be equal to the height above the floor of the ears 

of a seated obse~ver. Figqpe 2,4, shows the arrangement il:l the 

anechoic chamber, and the block diagram of figure 25 shows 

how the equipment was set up. 

As before, a warble tone oscillator and Ballantine 

valve voltmeter were available for·cal~bration, and a Western 

Electric condenser microphone and BrUel and Kjaer high speed 

level recorder were used to· obtain the frequency response ot 

the whole chain of equipment. The microphone was hung where 

the head of a seated observer would be, and the response of 

each channel measured, with the low pass filter set to cut off 

aii 4 kilocycles. The curves of figur,e, g6 show the bverall 

·response of the four channels. 

-The channels were numbered from 1 to 4 in the sequence 

in which their playback heads were arranged. Taking channel 

1 as reference, the delays of the other channels were, with 

respect to channel 1; 

' channel 2 23 milliseconds 

channel 3 52 milliseconds 

channel 4 78 milliseconds 

Placement of the speakers connected to these channels 

is shown in f;Lgure 2i. The baffles were orientated. so that 

the observer sat on the axis of each of the speal-cers. 

Reference to figure 26 shows that the overall 

frequency response of the equipment differed slightly from 

channel to channel. These differences, due to the loud-

speakers, were not serious from the point of view of frequency 

response alone, but as far as intelligibility went, subsequent· 

tests sho,v-ed that they did have a noticeable effect. It was 

therefore/ ••• 
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therefore decided, since channels could no longer be changed 

round as was done in the case of a single echo, not to use 

the condenser microphone in an attempt to adjust the four 

channels to equality before each test, but rather to assume 

them all equal to start off with 1 and then apply suitable 

corrections after allGthe tests had been performed. 

Preliminary tests 'with articulation lists brought 

to light that channel 2 yielded higher articulation scores 

than channels 1 and 3 (which gave equal scores). The higher 

scores of channel 2 corresponded roughly to a level increase 

of 1 db. Channel 4, on the other hand, gave lo"tver scores 

than channels l or 3, corresponding to a level of about l db 

lower than that of these channels. In all cases, level 

settings of the 4 channels were made by using a warble tone 

and measuring the voltage appearing across the voice coils 

of the loudspeakers. 

The method used in determining how the ear integrates 
; 

the thr"~e echoes will no~r be outlined, and subsequently 

discussed in greater detail. The observer, seated in the 

anechoic ¢hamber was presented with articulation tests, played 

through one of the four channels. After marking his results, 

he again heard lists, played through another of the four 

channels. In the next part of the test, all four channels 

were switched on • And finally, the last two tests proceeded 

.as the first two, but with the remaining two channels. Five 
I 

tests were therefore performed by each observer; in every 
\ 

case the third test 1r;as one in which all the channels were on. 

The sequence in ~ih:';.ch the single channels w·ere presented varied 
\ 

from observer to observer, since otherwise the final assessment 

of the intelligibility of e~ch individual channel might have 

been affected by its position in the test sequence. 

Working/ •••• 
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Working on the assumption that all four channels 

were identical, a common reference level was chosen for them. 

The level tru~en as reference was one which was produced by 

a 1 millivolt warble tone signal across the voice coils of 

the loudspeakers. The warble tone used 1-ras one of 500 cycles, 

with 100 cycles deviation at a rate of 32 per second. The 

voltage across the voice co.il was measured with the Ballantine 

valve voltmeter. 

Gain settings of the apparatus were performed as 

follows: The gain control of the output amplifier of the 

Ampex tape recorder was set to give a certain reference 

voltage (in point of factJ 154 millivolts) across the output 

terminals when the calibration signal recorded between 

articulation lists was played back. Then, the warble tone 

calibration. signal described above was fed into the Ampex 

through its recording amplifier, and the warble tone voltage 

adjusted so that the same reference voltage appeared across 

the output terminals of the Ampex as was measured when the 

calibration signal recorded between lists 1-ras played back. 
I 

Next, with the warble tone $till being fed through 

the Ampex tape recorder, the Ballantinevalve voltmeter was 

connecte~ across the voice coil terminals of one of the 

speakers. The gain control of the relevant playback amplifier 

of the ·11Pamphonic 11 delay equipment was then adjusted until 

the voltage appearing across the loudspeaker voice coil was of 

the desired level re 1 millivolt. 

It must be made clear at this stage that all levels 

referred to in the description of these tests will be with 

respect to this 1 millivolt warble tone si~,al across the 

speaker terminals, unless defin~tely stated otherwise, There­

fore, if it is said, for example, that an observer attained 

a 50% articulation score ·at a -level· of 10 db r~ 1 millivolt, 

it/ ••.. 
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it means that the observer attained 50% articulation -vrith the 

gain of the channel used set to such a value~ that a warble 

tone output of 154 millivolt from the .Ampex tape recorder .. 
produced a warble tone voltage across the loudspeak.e:r:- voice 

coil that had a level of 10 db re 1 milliVolt. 

To resume. An initial test was p7rfor.med with, eadh 

observer, in which one test list was played to him through one 

of the channels at levels of 5, 10: 15 and 20 db re 1 milli­

volt. This served to condition_ the obse1·ver to some extent~ 
i 

and indicated more or less at which level he would score 50%. 

The test proper was then started, and consisted of five parts. 

:E!art. .l. TivO word l~sts were played through one of the channels, 

to the observer seated in the anechoic chamber. They 1vere 

played at a level about 6 db lower than would yield 50% 

articulation. pUbsequently 1 the level was increased by 4 db,· 

and .the same two lists repeated. All in all, this_ was done 

four times, so that the last time the two lists were played 
~ to the observer, this was done at a level of ~6 db re the one 

giving a 5Q% articulation score~ The observer then m~ked 

his lists, and the scores were plotted as a function of level 

precisely as was done in the case of the experiments with a 

single echo. The mean score attained at each level was fQund, 

and the best stl:'aight line drawn through these four points. 

During this whole test, the other three channels were of course 

muted. 

Part ,2. of the test was in all respects similar to part 1, 

except that another of the four channels was used . 

.Part .~. In this part of the test, all four channels were used. 

It was anticipated that the integration of the ear would result 

in an effective leve.l about 4 db b.ighel! than that produced by 

each of the channels individually, consequently. each channel 

was/ •.•• 
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was adjusted to a level about 9 or 10 db lower than that 

required for the channel to yield, in the absence of the other 

channels, an articulation percentage of 50%; otherwise of 

course, the first lists played would already ~ve yielded very 

nearly 50% when all four channels v-.rere switched on. 

As _has been previously stated, there was reason to 

doubt that the four loudspe'akers vrere identical.. r The four 

channels were therefore, in the maj or~.ty of cases, adjusted 

slightly to try to compensate for these differences, so that 

an approximately equal contribution ~- disregarding the effect 

of delay time - would be made ~y each. Their ,r,ela. tl v,e, levels, 

taking channel 1 as reference, ··rJere therefore adjusted as. 

follows: channel 1: 0 db* 
' 

channe:I- 2: -l·dbn .. ~ channel 3: 

o db• and channel 4: + 1' db. . 1 

Three lists were then played to the observer, and 

repeated at levels increasing by 4 db with each repetitipn, 

until each group of lists had been played four times. The 

scores were again plotted as a function of level, and the mean 

score at each level was found~ The best straight line 

through these four mean points was drawn. 

l?a.rts 4 and 5.. These were exact repetit:i.ons of' parts 1 and 2, 

except that the remaining two chan:1els 1vere used • 

. 
It will have been noted that in parts 1, 2, 4 and 5 

only two lists v-rere used at e&ch level instead of three as in 

earlier experiments. This was unfortl..llla·Gely necessary 1 since 
' 

otherwise a complete test would have taken too long, making it 

impossible; to complete it in one day. Some accuracy was 

probably lost· hereby; test 3 w·as, however 1 perf'ormed with 

three lists, since the results of test 3 gave the degree of' 

integration that had occurred and this one test therefore 

required a higher degree of' accuracy than the f'our others. 

4.6.4./ •.•• 
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4.6.4, Interpretation of results: 

The way in which the results were interpreted will 

best be explained by means of an illustrative example. The 

f'igt.U'es used in this example, are typical of the values 

obtained. The results of a certain observer (F) were as 

follows: The levels at V"rhich articulation scores of' 50% 

were attained (read from the best straight line drawn through 

the points obtained) are: 

Test 1 Channel 3: 17,7 db 

~e~:t ,2 Channel 1.: 15,2 db 
Levels refer to 1 milli-

. ~es,t 3 All four channels 
simultaneously: 10.8 db volt across loudspeaker 

Test 4 Channel 2: 12~6 db voice coil. 

Test 5 C'lsl.annel 4: 14.4 db 

The relative levels of the four channels during test 

3 were: channel 1: 0 db; channel 2: -1 db; channel 3: · 

0 db; channel 4: 0 db. 

Consequently during test ·3 each channel, in the 

absence of all the others,wouldhave given a 50% score at the 

following levels: channel 3: 17.7 9-b; channel 1: 15,2 db; 

channel 2: 13,6 db; chann.el 4: 14.4 db. If one finds the 

mean of these four levels, then the average level at whi~h one 
60 9 . 

·channel alone wou1d have given a 50% score is 4 or 15.2 db •. 
-

But vJi th all four channels on, the 50% level vms found to be 
. 

10,8 db hence. the integration of the four signals has resul t~d 

in a level increase of 4.4 db above the level of one channel. 

To determine what the differences, if any 1 between 

the four channels were, deviations of the results of each 

individual channel from the mean result of the·four channels 

were found for each observer. That is to say, f'or each 

observer the m~ah of the four 50% levels, obtained with the 

four/ ••• a 
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four channels separately, was found. The difference between 

this mean 50% level and the 50% level of each individual 

channel was noted for each observer. This was done for 7 

observers, and the mean deviation from the mean found for 

each channel. The mean deViations for each c,hSJ1nel were: 

channel 1: 0 db; channel 2: +1.75 db; channel 3: +0.25 db; 

channel 4: -2.0 db. 

It was now possible to calculate what the increase 
i 

in effective level would have been if the results obtained 

for a single echo of 0 db r~ the primary sound, still applied 

in the case of three echoes of slightly differing int~nsity. 

In the example given above, test 3 v-ras conducted at the 

relative level settings shown. Correcting now for the 

deviations of the four channels given in the prev~ous paragraph, 
\ 

the relative levels of the four channels in test 3 now become: 
\ 

channel 1: 0 db· 
' 

channel 2: ~0.75 db; channel 3: ~0.25 db; 

channel 4: -2.0 db. and the relative energies, taking channel 

1 as reference become:- channel 1: 1.0; channel 2: 1.19; 

channel 3; 1.06; channel 4: 0.63. 

The delay times of these four channels were as follows: 

channel 1: 0 milliseconds; channel 2: 23 milliseconds; 

channel 3: 52 milliseconds; channel 4! 78 milliseconds and 

from f1gyre 20 the fractions of the energy integrated by the 

ear may be read as 1. 00 1. 00 o. 50 and 0.10 respectively "for 

these delay times. The energy contribution of each channel 

therefore became: channel 1: 1.00; channel 2: 1.19; 

channel 3: 0.50'x 1 .• 06 = 0.53; channel 4: 0.10 x 0.63:;: 

0.06 , giving a total of 2.?8 or 4.4 db r~ the mean level. 

Hence, in this example, calculation based on the results 

obtained with a single echo predicted an integration equivalent 

to a 4.4 db level increase, and measureme~t gave an answer of 

4.4. db. 
4.6.5./ ...• 
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4,. 6 , 5 • Re sul t s : \ 

The measurements and calculations described in the 

previous section were carried out for each observer. The 

results are given in the following table which shows the 

measured and calculated equivalent increase in level due to , 
integration. 

Table 2 

Observer) Increase in level as result 
I of in teg??a tion (db) 

i 
(db) Calc. I Meas. Error 

M 4.3 2 •. 8 1.5 

v 3,5 3.2 0.3 

dL 4.3 3_.1 1.2 

F 4.4 4.4 o.o 
I 

R 4.8 4.6 0.2 ' 

VA 3.8 3.1 0.7 

' dP 4.3 4.7 - 0.4 
Mean 0.5 db 

4..7. Discuss.ion of :r:esul,t,s. 
, 

4.7.1. Tbe ~esylts. o'Qtaine<;l :w:~tb, a single 0 db echo: 

, As the curve of figure 19 shows, a single echo is 

integrated perfectly by the ear up to a delay time of about 

30 milliseconds, i.e. the energy of an echo occurring between 

zero and 30 milliseconds after the primary tone, is simply 

added to' the energy of the primary tone. For delay times 

longer than 30 milliseconds, the increase in effective level 

due to the contribution of the echo is less than 3 db, and 

decreases until at_a delay time of 90 milliseconds the 

effective level of primary sound plus echo is equal to the 

level/ ••.•. 
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level of the primary sound alone. This means that the ear 

integrates less and less of the echo energy as the delay time 

increases, until at 9'0 milliseconds the echo has, as fal" as 

intell~gibility is concel"ned, no effect at all. This 

condition remains practically unchanged from 90 to 120 milli­

seconds, which was the longest delay time investigated. 
\ 

. I 

Taking into consideration the accuracy with which the apparatus 

could 9e set up and the deviations of the points obtained 

·from a smooth curve, it is estimated that an accuracy of the 

order of 0.7 db was attained. Two or three observers gave 

results in parts A, B or C of the test through which no 

straight line could be drawn by anyone with a conscience. 

Their results were therefore not taken into account. Other-

wise, no special selection of observers occurred.. Any 

available staff member of the .C.S.I.R. was used, pro~ided he 

or she had normal hearing. 

of this type o.f work •. 

Not one- had had previous experience 

4.7.2. Results obtained w.ith a single -5 db echo: 

Reference to figure 21 shows that the curve obtained 

with this value of echo is some'ivhat similar to that obtained 

with the 0 db echo, Perfect integration appears to continue 

somewhat longer, however, taking place according to the. 

results obtained, for delay times up to 40 milliseconds. 

After 40 milliseconds, less and less of the echo is integrated, 

and as in the case of the 0 db echo, integration.ceases at 

about 90 milliseconds. From 90 milliseconds to 105 milli-

.seconds (the longest delay time investigated) the echo has no 

apparent effect on the intelligibility of speech. The accuracy 

is estimated as being the same as in the case of the 0 db echo; 

but, if the results obtained with.the -5 db echo are used to 

evaluate the fraction of the echo that was integrated, the.· 

accuracy/ .••. 
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accuracy obtained will be rather low, since the maximum 

effect the echo could have was only l. 2 db as compared to 

3 db in the case of the 0 db echo. 

4. 7. 3. Resu.l ts obtained 1dt,h C\ +5 db ec_bp: 

' 
Figure 22 shows the results obtained; the integration 

decreases fairly rapidly as the delay increases, and nowhere 

is a flat portion of the curv·e in eYidence as in the cases 
'· of 0 db and w•5 db echoes. ' It would appear that the echo, 

as a result of its gr>eater relative intensity, gives rise to 

a much greater effect of confusion than was the case for the 

weaker echoes, and that as a resul·c the integration is impaired. 

At a time delay of .about 55 milliseconds a queer 

phenomenon ~an be observed. It appears as if the curve would 

follow one of two ·fairlY well defined sets of points. As 

there was no reason to doubt the correctness -within 0.7 db 

as before- of any of the points individually, it was decided 

to seek the reason elsewhere why two whole series of points 

should show such deviation. 

After some consideration, a possible reason for this 

divergence presented itself: B9cause of its higher intensity, 

s,ome observers apparently could concentrate on the echo rather 

·than on the primary tone when the time dalay 'bet-ween them 

reached the 55 milliseconds mark. Had the alone been 

present, the curve obtained would of courGe have remained at 

the +5 db level. However, in concentrating on the echo, the 

observers were probably disturbed by the masking effect of the 

primary tone, with the result that. the curve reverts only 

gradually to the ~5 db level as the delay between primary tone 

and echo is increased. As far as the dotted portion of the 

curve is concerned, this appears to be a continuation of the 

curve obtained for delay times shorter than 55 milliseconds. 

The/ •..• 
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The observe:r.~ con cinues t:o concentrate on ~he primary sound1 

and the masking due to the intense echo becomes more and more 

severe~ until at delay times of the order of 80 milliseconds 

a maximum masking effect is obtained. For longer delay times 1 . 

the echo begins to dominate, and the curve too, seems to 

revert to the ~5 db level. Apparently, therefore, at long 

delays the ear concentrates on the stronger signal irrespect-
I 

ive of whether it be prima17 sound or eoho. In the case 

't..rhel?e the echo is the stronger, the primary sound is still of 

importance at short delays but .as the delay increases, a point 

is reached where attention begins to focus on the echo rather 

than on the primary sound. Seemir.gly the delay time where 

this occurs depends to some extent on the observer 1 and the 

variations between observers gave rise to the double curve at 

delays in excess of 55 milliseconds. 

4.?.4. Results obtained in the presence of ma§.king no1.s.§: 

This experiment was performed in an attempt to 

determine if the integration of the ear was at all affected 

by the absolute level of the primary sound and echo. As will 

be noticed from figure 23, the points obtainec1 show a very wide 

scatter; the dotted curve represents about the. best smooth 

curv~ that can be drawn through the points; "Ghe solid line 

shows the results obtained in the absence of ::nas};:ing noise~ 
I 

It would appear that at the higher level.~ the integration has 

been somehwat reduced, although the unQel~tainty of measurement 

that is evident from the large scatter• obtained makes any 

definite conclusion, based on these results alone, virtually 

impossible. In view of the results obtained by other workers 

at higher sound pressure levels, discussed in section 4.8, it 

would appear that integration proceeds in much the same fashion 

at different loudness levels, ranging from about 25 phons to 

80 phons. 
It/ •..• 
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Jlt is suspected that the inconclusive results obtained. 

l;vere caused by the manner in which· the masking noise was 

introduced. As has been previously described 1 the loud-

speaker which was fed vii th random noise hung directly behind, 

and slightly above, the se0ted observer~ at a distance of 

about 8 feet from his 4ead. If this loudspeg,ker in 

considered to be a point source (a sufflci.entJ.y accu:.eate 

assumption for at least the lower fr<9que:r..cy cor!;poncn ~.s, -v,rh.:tch 

have the greatest masking effect) Jjhc;n, since very ne1.rly 

frce-fielcl conditions exist in the anecho L~ char,,·cer, the Pound 

powe:t• pAr u::1it aread·ecreases e_q the squ.ar,., l)f the Cl.~.stance. 

Calculation shows that increasing ·i~h3 d:l.s tHnce between the 

Speaker and the head of th0 obser"~T8't" from 8 feet to 9 feet 

would, under these conditions, ·result in a decrease of 1 db 

in the level of the masking· noise. As it was nearly inev-

itable that the observer would alter his position slightly 

from time to time duringthe performance of a test, the 

erratic results obtained might quite possible have been due 

to this effect. 

A much more satisfactory method would haire bPen to 

use two loudspeakers to produce the masking 'tl-Jise, p:.acing 

them as close to the two signal loudspeake:es as prc..ct:l..Jable. 

Unfortunately, the number of c'bsc:r·yer'=' ava1J.abl[ at "Ghis 

stage was not very great, and it W~'-P decicLec that they could 
./ 

be more profitably emp:J_oyec1 i~, ~..;l:e tr;sts ·\rJiJch multiple echoes 

described in section 4.6. In thi~=J eo:nnectlon, it may be 

eXplained that an observer was founc1. to possess only a very 

restricted period of usefulness - rest~cicted, in fact, by 

the number of articulation lists avai~able. It was found 

that, after having heard a particul.J..t> lisii a :fZvJ times and 

corrected their results, some observe:::-s showed a regrettable 

proclivity to remember some of the "Vvo:•ds. This had the 

'1+'/ re su "' •..• 
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result that on hearing the test again, their results could 

be erratic, depending on how much time had elapsed since 

they had first heard the test, on how many words they had 

remembered, on how soon they recognized the list, and similar 

factors. Erratic results were not infrequently obtained 

when it was attempted to re-use an observer with a retentive 

memory, and this practice was therefore abandoned. 

~.7.4. Results obt~ined with multiple echoes: 

As table 2 shows, the experimental results obtai~ed 

in these tests are in fair agreement with the calculations 

based on the assumption that the ear integre.tes nr1ltiple 

echoes f.n the same way as a single echoo Nevertheless, the 

differences between calculated and measure1 values show a 

definite trend. to one direction, the mean difference amounts 

to nearly 0,5 of a decibel, This means that the integration 

is slightly less than would have been the.case had the three 

echoes been integrated in the' same way as a single echo. 

It is possible that the error would have been smaller 

had channel 2 been adjusted to the same level as channel 1 in 

that part of the tests where all four channels were on 

simultaneously. · As has been shovm, channel 2, although an , 
attempt had been made to equalize it, was ·still 0.75 db h:tgher 

than channel 1. This could unfortunately only !)e discovered 

after the. tests had been completed, since the 1:1ean of a number 

of test results was required to assess the contribution of 

each channel. The tests performed with a single echo seemed 

to indicate that the longest delay time at which perfect 

integration still occurred, depended on the level of the 

echo with respect to the primary tone. For an echo of -5 db 

this was about 40 milliseconds; for a 0 db echo~ 30 milli­
/ 

seconds; and for a -"5 db echo no defini··~e ·oreak ln the curve 

is/ •... 
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is detectable· and it -vrould appear that perfect integration 

occurs only when no delay exists between the two signals. 

Channel 2 gave rise to the first echo, at a time of 

2~ milliseconds after the primary sound due to channel 1. 

Since for a 0 ?-b echo perfect integration is apparently still 

obtained at a delay time o~ 23 milliseconds 1 the calculations 

vrer_e performed on the assumption that the contribution from 

channel 2 was perfectly integrated. In view of the fact~ 

later dis.covered, that channel 2 was still at a level of 

+0. 75 db -vri th respect to channel 1 'tvhen the tests were carried. 

out, it seem8 possible that the intAgration of the channel 2 

signal wan less than perfect, and tha-t this might in part 

ancount for the c~lculations being a bit on the optimistic 

·Side" Since data on the behaviour o~ a 0.75 db echo had not 

been obtained, this surmise could unfortunately not be checked. 

Again, the echo contributed by channel 4 was at a 

level of -1 db with respect to the primn:ry sound, in those 

parts of the tests where all four channels were switched on. 

Conceivably therefore, a larger fraction of the energy of 

this channel was integrated than would have been the case if 

it had been at a level of 0 db re the primary sound. This 

would make but small difference to the final value of the 

calculated answer, however 1 since the relative contribution 

of channel 4 ~r.ras always insignificant~ 

The above surmise, if correct; leads to ·i.;he un­

expected result that two echoes, both ot· "i.evel 0 db re the 

primary sound, and both occurring at a time shcrter than.30 

milliseconds after the primary sound, will contrlbute less to 
I 

the overall intelligibility when they coincide than vrhen there 

is some ·delay be tu-reen them. For, if multiple echoes of 0 db 

level rl the primary tone are indeeCI. integra ted. according to 

the/ •..• 
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the same law as a single echo, the two echoes will, when not 

coincident, be perfectly integrated (provided.they both occur 

within the first 30 milliseconds). When coincident, however, 

they constitute in effect a single echo of level ~3 db re 

the primary signal, and in the light of the foregoing dis­

mission, an echo of this level, coming at a time of say 20 

milliseconds after the primary tone, will suffer less than 

perfect integration. It is regrettable that the apparatus 

available did not allow investigation of the aocuracy o_f this 

interesting conjecture. 

4.$3. Comparison of resylts obtained vJ".ith, findings of 
o the.r worker.s,. 

4.8.,1. Results obtained by othet worker.~: 

As has been briefly mentioned in the introduction, 
I 

various workers have already, by direct or i~direct means, 

measured certain characteristics of the ear that depend on its 

integrating properties. By and large, these measurements 

were performed vJi th pure tones or pulses rather than with 

speech as in the present case, but p.s the prcperty being \ 

measured was the same in every case, a certain degree of 

correlation should be present. 

The tests, methods and results.of a few of these. 

workers ,vJill now be considered in greater detail, and an 
/ 

attempt made to relate their results to those obtained by the 

present writer. 

Bekesy16 ) has determined the increase in loudness ot 

a pure tone, immediately after switching"on. The experimental. 

technique/ •..• 

16) v. Bekesy, G: nzur Theorie des Horens 11 .... Physik. 
Zeitschr. November 1929, p. 743. 
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technique used by him was ·as follovJS! 

A tone of 800 c.p.s. at a level of about 20 db above 

threshold * was presented to an observer tbrough a pair of 

headphones. This tone was continuously interrupted by a 

motor-driven svdtch to give pulses of 800 cycle tone that had 

a duration-of 100 milliseconds. By depressing a sw:ttch, the 

observer could ~witch over~ the same headphones to an 800 cycle 

test tone, the duration of' which was preset by the experimenteJ:', 

The observer t.hen had to vary, by means of a calibrated 

attenuator, the intensity of this second tone until it appeared 

to him to be equ~l in loudness to the 100 milliseconds reference 

pulses. 

" , The duration of the test pulses used by Bekesy varied 

from 4.5 milliseconds to 45 milliseconds. E;Lgur,e &8 shows 

his experimental results (solid line) redrawn with a linear 

time scale. The curve actually shows the relation 10 lgL = 
k ~~ (L • intensity, k a constant and t • t~me elapsed since 

start of pulse) but B~k~sy's experimental results follow this 
' 

law quite closely betvJeen 12 and 45 milliseconds. (See also 

.f,;i.gur e ~g) • 

To relate B~k~sy 1 s experimental rermlts to those of 

the present writer, reference must be made to ,f,igure 20. The 

deriva-tion of this curve, which shows the integrated fraction 

of the energy contained in the echo, is given in section 4.2.2. 

Now, if these results hold, not only for one single 

echo, but also for a great number of echoes of equal intensity­

or, put in another way, if in the limit the integration of the 

ear is continuous and follows the law of figure 20 - then the 

integral of figure 20 would show the build-up of the loudness 

of a steady s:tgnal immediately after it has been switched on. 

F~gu;::>e 27/ .... 

*- Actually, Bek~sy gives the intensity as being 11 Hundertmal 
starker als Horschwelle 11 which is· taken to refer to power, 
not pressure. 
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F,igure 2.Z shows the integral of figu,r,e 20 in arbitrary 

units, as well as in db r~ an arbitrary reference. This 

integral was .obtained by measuring the area under the curve of 

fj£W!e 20. 

The dotted line in figyre 2a is the same as the curve 

of fig:L\re 27 and it v.rill be seen that the agreement with 

B~k~sy 1 s results is quite reasonable. 

In his paper l6) B~k~sy states that the explosive 

character of pulses of short duration· causes the loudness 

judgement to be high, since the o9server is inclined to 

interpret the transition from 11 tone 11 to 11 explosion 11 as in 

itself being an increase in loudness. This might to some 

extent account for discrepancies below 15 milliseconds. 

In his previous paper 2 ) Bek~sy found that the 

apparent loudness increased with time and reached a maximum 

at about 200 .milliseconds. However, it is important to 

realise that this was for the case of a pure tone. In the 

case of speech~ where the speech sounds have a duration of 

roughly 100 mi+liseconds, masking of speech sounds by adjacent 

ones probably occurs, and this might result in an integration 

period shorter than that for pure tones. Even for pure tones, 

the apparent loudness attained. after 100 milliseconds is only 

t db lower than the maximum at 200 milliseconds. 

Garner 4 ) used repetitive pulses of which the duration 

and repetition rate could. be varied independently. The pulses 

consisted. of a keyed. sine wave. Observers were required to 

indicate the hearing threshold. for pulses ·of varying duration 

and repetition rate. Since Garner found that the frequency 

of the keyed wave made little difference to the shape of the 

curves obtained, he performed. all but his preliminary tests 

with 1000 c.p.s. signal. 

Using/ •••• 
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Using random noise for masking purposes, Garner 

carried out his tests at a level of about 90 db re 0.0002 

d.ynes/cm2• In his paperJ he gives the threshold of the 

pulses in terms of db signal-to-noise ratio, as a function of 
I 

duration and/or repetition rate. These results could easily 

be converted to an equivalent level,. since a lowering in .. 

threshold of, say 3 db~ is: equivalent to an increase in signal 

level of 3 db if the background noise is held constant. 

Garner's results for a repetition rate of 10 pulses 

per second are shown in figure 29 (solid line). It shows 

the effective increase in level as the pulse length is varied. 

Since, with such a relatively slovr repetition rate, the 

integration from pulse to pulse is ve~y little, this curve in 

. effect depicts the.:tncrease in loudness as a function of time 1 

exactly as figure 28. Comparison with the integration curve 

(figure 2,7,) obtained by the present writer, shows (triangles in 

figure 29) that the agreement is very good. 

There is yet another way of locking at Garner's 

results. If the pulse length is kept constant, the apparent 

level, as far as the ear is concerned, depends on the repeti-

tion rate of the pulses. Now, if the results obtained with 

the word lists are in agreement with those found. by Garner, 

the effective level o:r pulses of' a givet:. repetition rate and 

duration can be calculated 'vi th the aid o:f .figJJXes 20 and 2Z. 

To take a concrete example: Suppose the pulse length is 10 

milliseconds and the repetition rate 50 per second. The 

pulses are then spaced 20 milliseconds apart. I:f the first 

pulse begins at t = o, its contributio:,l to the apparent sound 

level will be proportional to the in"Gegr·al, fl"om t = 0 to 

t = 10 of the curve o:r fj_gure 2,0,. T}J.e contribution of the 

second pulse will be proportional to the integral from t = 20 

to t • 30 or the curve,o:f f1gure 20, and so on. 

Since/ •.. 
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Since figyre 27 is the integral of figure 20, these 

contributions can be simply evaluated from the curve of !i~e 

gz, e.g. the contribution of the 4th pulse (80 to 90 milli­

seconds) is proportional to the value of the curve of figure 
I 

~ at 80 milliseconds, subtracted from its value at 90 milli-

seconds. Pulses occurring at a time t ~90 milliseconds con­

tribute nothing at all. 

It is also clear ~ha~ the effective apparent level 

obtained is dependent not only on the,spacing between the 

pulses, but also on their duration so th~t this method of 

summation takes into account both these variables• 

Garner's results, redrawn to show effective level as 

a function of repetition rate, with pulse length as parameter, 

are shown plotted in solid lines in ~.igure 30. - The dotted 

line curves were calculated by the methods outlined above. 

It should be noted that not only is the increase in level as 

a function of repetition rate in good agreement, but also .the 

level as a function of pulse length. The only notable 

exception to this latter agreement is the· case of a tone of 

1 millisecond duration. In this case the effective level 

measured by Garner is lower than indicated by the calculation. 

A point worth noting is that fer repetition rates 

lower than 10 tones per second (i~e. pulses spaced mor*e than 

100 milliseconds apart) Garner 1 s l"'esults still show integration 

taking place. This integration is not "'tery great, e.g. 

increasing the repetition rate from 5 per second to 10 per 

second. only increases the effective level by about 1 db, which 

means that doubling the number of pulses per second has only 

added 20% to the effective level. However, this would seem 

to be in agreement with Bek~sy's results, and as explained in 

that connection this deviation from the results of the present 

writer, is probably attributable to the mutual masking of 

speech sounds on each other. 
Munson 3) I ... .. 
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Munson 3 ) also determined the rate at which the 

loudness of a pure tone increased with time, us-ing_ very much 

the same technique as Bekesy. Hcvrever, in his case the 

reference tone had a duration of 1 second, and had to be 

adjusted by the observer until it sounded just as loud as the 

first, or test, tone the length of which was varied by the 

experimenter. 

The dependence, as measured by Munson, of apparent 

loudness on duration for a· 1000 cycle tone at a level of 20 ·db 

r~ 0.0002 dynes/ cm2 is given by the solid line curve in 

,;(igJ.U:"e, 31. The dotted line is again the curve obtained by 

integrating ;ti.gure ~o. 

As can be seen, the agreement is good.. However, the 

results obtained by Munson at a level of 80 db r~ 0.0002 dynes/ 

cm2 are in complete disagreement, as sho1vn by the dashed line 

in figure, 31. * . It ·~ill be noted that this curve has an 

initial slope of 6 db per doubling in time 1 implying a pressure 

rather than an energy addition. The reason for this discrepancy 

is not clear. 

I -
Discussion of results of other workers in r:elation 
to those of the present 1vork§.:r.~ 

As has bee·n shown, the agreement obtained between the 

present work and .that performed by the abovementioned three 

1vorkers, 'is quite reasonable" The best agreement is with the 

results obtained by Garner. 

It has also been shown that the results obtained by 
, , t Bekesy, Garner and Munson are in good mutual agreemen , except 

those results obtained by Munson at. higher levels.. These 
'1 

latter results are in complete variance with those of the 

other abovementioLed workers, and no convincing explanation 

for this differe:'lce can be advanced. 
The/ •..• 

* Shown drairJ11 vri th respect to an al"bi trary reference level, 
chosen to facilitate comparison with other curves. 
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The method employed by Garner is probably the most 

satisfactory, since hearing threshold can be ascertained with 

higher consistency and accuracy than equal loudness. Also, 

as the test signals were of much lower intensity than the 

background noise, transient fatigue effects such as m;Lght be 

occasioned by loud interrupted pulses, are eliminated. 

The greatest discrepancies bet"t'!Teen Be'ke'sy 1 s results 

and those of the present -writer occur at the shorter delay 

times, i.e. 10 milliseconds and les?. It is suggested that 

B~ke'sy's results could be in error here, for the following 

three reasons: 

1,. In his paper 16), Be'ke'sy states.that at levels of 

20 db and higher (referred to bearing threshold) the explosive 

character of short pulses causes the loUdnf;lSS judgement to be 
high, s:tnce the observer interprets the transition from 11 tonett 

. . 
to 11 explosion 11 as in itself being an increase in loudness, even 

though the amplitude be kept constant. This could partly 

account for the fact that Be'klsy's curve lies higher than 

that of the present writer, for short durations. 

g. . . ~ , 
The curve obtained by Bekesy is redra~m in ti~e 32. 

Although the presentation is different to his to facilitate 

comparison with the previous curves, the information is the 

same as in the version published by'him. As will be seen, the 

spread of his experimentally oLtained points increases as the 

durations become shorter. Th~ suggests that the accuracy 

obtain.ed by biro at shorter durations is probably not very high • 

.Q. Integration of the curve of t..;Lgu.:r:e, 2Q yields the curve 

of t;tg:ure 2.2, which shows· the build-up expected of a continuous 

~tone. Now, conversely, differentiation of a curve showing the 

build~up of a continuous tone, should yield a curve that shows, 

as a function of time, which fraction of the incident energy 

is integrated by the ear. 
, ~ 

Bekesy suggests that the relatioq 

L .. k/ ·.· .... • 
, 
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L = k ~ describes the curve (figure 3,2), obtained. by him. 

"Hov1ever, on differentiation, it is found that dL/dt = ~kt-1/2. 

This relation is plotted in &igure 33 (solid line) and the 

curve of figu,re 2,Q is shown for comparison. An arbitrary 

value of 8 has been given to K in the above equation. As t 

becomes small, ~~ tends to infinity_. this suggests strongly 

that the relation L = K\~ does not hold at small values of 

t. 
The following important conclus~ons may be drawn from 

the foregoing results, comparisons and discussion:-

(1) The integration curve. of ,figure 20 seems to be 

substantially correct., 

(2) This integration curve seems to apply to pure tones 

of various durations, as 1-vell as to speech. 

(3) The form of this integration characteristic is 

apparently not markedly affected by level in the 

range 20 ~ 45 db r~ threshold. 

(4) The integration curve seems to apply to single as 

well as to multiple echoes. 

These conclusions are in disagreement with those ,, 
drawn by Garner that for integration, the sound energy mu~t be 

continuous, and must lie in an (unspecified) narrow band. 

From the present results, as well as their correlation with 

those of pre·Vious -v.rorkers, it seems that the integration of a, 

sound signal by the ear depends only on tpe time elapsed since 

its ini tia·i:;ion and is fairly independent of its spectral 

composition and level. 

• The results obtained by the present writer are perhaps 

better than one would eXpect, considering the possible sources 

of error in subjective tests. It must be pointed out, however, 

that these tests were of the nature of threshold tests rather 

than subjective judgements, and therefore are inherently 
,, 

more/ •... 



55. 

more accurate. Furthermore, each point obtained is a mean 

value, representing the results of a large number of 

observations. This would tend to minimize random errors, 

but it is of course not impossible that systematic errors 

might have occurred. In view of the precautions taken, 

however, it is ·hoped that this is not the case. 

? 
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5. POSSIBLE APPLICATIONS TO ARCHI TEC'IURAL 
ACOUSTICS 

5 .1. General rey:ie:w) 

While there are many desirable and undesirable 

acoustical properties pertaining to enclosed spaces such as 

auditoriums, broadcast studios, cinemas and the like ~ some 

of these properties_ being ~esirable for one type of enclosure 

and possibly detrimental ih another- it has hitherto not 

proved possible to define all these properties physically, 

or even to measure them objectively. Practically the only 

physical measurement which has proven to be of sufrioient 

repeatability to warrant its inclusion as a factor in the 

assessment of the "goodness" of a hall~ is the measurement 

of reverberation time.17, 18) 

Although there is an optimum reverberation time for 

a hall of given volume 19) (the optimum being a compromise 

between different factors, which,often conflicting, depend 

also on whether speech or music or both will be heard in the 

hall) the correlation between the reverberation time and merit 

of a hall leaves much to be desired from the designer's point 
18) of view. Measurements in a.number of halls , for example, 

show that while halls that are generally considered good have 

reverberation times close to the optimum value speciriad by 

Knudsen, the inverse does not, unfortunately, hold good. A 

correct reverberation time may therefore be considered as a 

necessary, but not sufficient condition for satisfacto~y 

acoustics. 

The work of Haas, quoted in Section 1, has made it 

possible to employ another approach toward the solution of the 

problems/.~ .• 

1'7) Kuhl, iv.: 11 Nachhal1ze.it grosser Musikstudios 11 ""~" Akustische 
Beihefte (2), {1954), p. 619. 

18) Parkin, Scholes and Derbyshire~ 11 The Reverberation times 
of ten British· Concert Hallsn - Acustica Vol. 2, 
No. 3, pp. 97 - 100 (1952) 

19) Knudsen, V and Harris, c: ''Acoustical designing in 
architecture" p. 194 (Wiley) 
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problems connected with the acoustical design of halls. \mile 

it had been generally realised that the ratio of direct to 

reverberant sound and the arrival time and intensity of echoes 

profoundly influenced the intelligibility of speech and thEl' 
\ 

character of musical sound and also determined the "definition" 

11 balance 11 "blend" ·"fullness of tone 11 (Parkin 20 ) mentions ' . , 
about six terms of this nature which, while subjectively clear 

are very difficult to define physically) design intended to 

attain these objectives frequently had to depend on intuition 

and previous experience, and final assessment of whether the 

design objective had been realised depended on opinions which, 

even though voiced by experienced musicians and architects, 

could be widely divergent 20). 

Bolt and Doak ll) have suggested.a criterion for the 

transient acoustic response of rooms, based on the results of 

H.aas and previous work done by themselves. This criterion 

relates the intensity at any instant of the decaying sound 

in a room to the time elapsed after the cessation of the 

original sound. Muncey, Nickson and Dubout 12) investigated 

the effect of reverberation time on the disturbance caused by 

a single artificial echo, and found that for rooms with short 

reverberation times a more stringent criterion than the one 

proposed by Bolt and Doak was required. Measurements 

performed by Parkin and Scholes ·21 ) in a theatre seem to 

indicate that the Bolt and Doak Cl-"~iterion is somewhat too 

stringent. 

The measurements carried out by the present writer in 

an anechoic chamber indicate that equal loudness of primary 

tone and echo is attained at lower levels of echo, for delay 

times exceeding 20 milliseconds, than found by Haas. It can 

therefore be argued that disturbance due to the presence of 

the/ .•• 

20) Parkin, P.A. and· ·others: 11 Acm1stics of the Royal Festival 
Ha11 11 - Acustica (3), pp. 9 and ·10. 

21) Parkin and Scholes: 11Recent Developments in sound reinfor-
9em~nt~~:rstematr - Wireless World (57) pp. 44 - 50 

I 
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the echo will occur at lo'torer echo levels than found by him, 

and this is in agreement with the findings of Muncey, 

Nickson and Dubout. Clearly 1 therefore, the Bo~t and Doak 

criterion is affected by reverberation time, and becomes 

more stringent as the reverberation ~ime becomes_shorter. 

Practical use has been made of the so~called Haas 

effect (masking of an echo by the primary tone) in the rein­

forcement of sound 21 )). In general, sound reinforcement is 

required for speech only 1 and finds its main application in 

very large or poorly designed auditoriums, where the normal 

energy output of the human voice is inadequate, although the 

, speaker is still audible. Public address systems could also 

profitably employ this system, which in principle consists of 

delaying the amplified signal to ensure its arrival at the 

listener after the arrival of the direct sound. In the case 

of public address systems, it cou~d be used-in conjunction 

with directional loudspeakers to obviate disturbing e~hoes. 

,5,.g, APPlication to sound reinforcement systems: 

The principle underlying sound reinforcement with a 

delayed signal is that, provided the delay is correctly chosen, 
\ 

naturalness is preserved even with the amplified signal at a 

level (at the position occupied by the listener) of about 

4-8 db with respect to the direct sound. A considerable 

increase in intelligibility can therefore be obtained, while 

still preserving the illusion that all the sound comes from 

the speaker. Moreover, the direction from which the amplifiai 

sound reaches the listener is not important, so that a suitable 

location for the loudspeaker can usually be found. The 

integration by the ear of a single echo of level 0 db and ot 

•5 db with respect to the primary sound, as determined by the 

present writer and shown in ,flgt.tres. 19 and 22 is useful in 

this connection, as it gives an indication of how the total 

effective/ •.. 
' 



59. 

eff'ecti ve level d.eponds on the dglay time. Especially in 

the case of a +5 db echo (and presumably even more so for the 

case of echoes at a higher level) it would seem desirable in 

the interest of maximum intelligibility to keep the delay as 

short as possible without sacrifice of naturalness. 

One of the advantages of delayed sound reinforcement, 

quite ap~rt from the fact that it has a much more natural 
'' 

quality than the more orthodox sound amplification systems 

without delay, is the fact that higher inte:ligibility of 

speech can be attained than with the undelayed systems. 

If we consider the case of a listener seated at a 

distance of say, 55'feet from the.speaker, close to a loud­

speaker of the amplifying system, the following conditions 

exist: 

If the microphone is close to the speaker, undelayed 

sound amplification l'lill result in sound from the loudspeaker 

reaching the observer at a time about 50 milliseconds ahead 
I 

of the natural sound. Neglecting the effect of room 

reverberation, the signal heard by the observ~r will consist 

of a primary sound coming from the loudspeal~e/", and· a single 

echo coming from the (humaY'I) speaker. Taking the sound 

level (as measured at the position of the observer) due to 

the human speaker as reference (0 db) the effective levels 

due to integration by t~1e ear can be ·t·ound from figures l9,, 

21 and 22 rcs:pecti vely· for the cases where the loudspeaker is 

adjusted to levels (rEf the natural Bound) of 0, -5 and .&.5 db. 

Reference to the figurAs mentioned shows the effect~ ve ·levels 

to be as follows (all with respect to the level of the natural 

sound): 

Loudspeaker leyel 
.QJ2. 

- 5 

0 

+ 5 

Effective level 
,9-_"Q • 

- 1 

-1- l. 7 

..... 5. 8 

, The/ •... 



60. 

The fi:r;-st case corresponel.s to a primary sound with· 

•5 db echo, the E;lecop.d to primary sound plus 0 db echo, and 
'.~~--

t,he · third to primary sound wi tn -..5 .db e cho. ~ote that in 

the f:irst case, the.amplificatiol"': system ~tually reduces 

the effeot'i:ve · level. As i4lll be shown later, this e.ffect 

becomes even more pronounced when reverberation is taken into 

account. 

If, on the other har1d, a delay we.re introduced in the 

amplification system, and. adjusted to a value which would 

ensure that the sound from the loudspeal'\:er reached the observer 

at a time of about 10 milliseconds after the sound from the 

human speaker, radically different conditions would be obtain­

ed. ·The sound from the loudspeaker would now constitute the 

echo, and the effective levels, again taking as reference the 

sound from the human speaker, would be: 

Louds;peaker level 
.@ 

- 5 
0 

+ 5 

Effective leve.I 
. .Q.Q 

... 1 .. 2 

... :3 

... 5.6 

M effect which has not been considered in the above 

example is that in the undelayed case, the sound from :the 

loudspeaker vJill appear to the observer to be an um.;e,.nted 

signal rather than a primary sound, since he will be concen­

trating, aurally af? well as visually, on the human speaker. 

It is 1.ikely,. therefo·re, that due to the ;:.,ubjective dis­

criminati0n possible with binaural hearing, the ~delayed 

amplification system will be less effective than appears ~rom 

the calculation. In the case 9f delayed sound repl:'oduotion., 

this consideration does not apply, since in a correctly 

adju~ted system all the sound appears to come from the human 

speaker. 

It will be noted that. for ~plified sound of higher 

level than the natural sound, the delayed s:y,:stem appears. to 

\ be/ •..• 
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be less efficient than the undelayed system. However, the 

above discussion pertains to conditions existing in the 

absence of natural echoes. When the effect of reverberation 

is considered, the great advantage of delayed sound !"ein­

forcement becomes clear: 

In the absence of any sound reinforcement whatsoever, 
' 

the primary sound reaching the observer consists of the direct 

sound from the source. This is followed by a number of echoes 

decaying (in the ideal case) exponentially; and constituting 

the reverberant sound. Now, the useful sound energy is 

contained in the signal arriving ~t the observer during the 

first 90 milliseconds. The direct sound and the first 90 

milliseconds of reverberant sound therefore constitute the 

useful signal, and the rest of the reverberant sound acts as 

.noise. 

With conventional loudspeaker systems, the primary 

sound reaching the observer emanates from the loudspeaker. 

This is followed after (for argument's sake) 30 milliseconds 

by the direct sound from the human speaker which in turn is 

followed by the echoes due to the reverberant sound. It is 

assumed that the loudspeakers are highly directional or close 

to the listener, and do_not add materially to the reverberant 

sound. Again 1 the useful signal is contained in the first 

90 milliseconds. In this case, therefo~e, the useful signal 

is made up of the amplified sound, plus the direct sound from 

the speaker, plus only the first 60 milliseconds of the rever­

berant sound - since the ear now begins to integrate 30 milli­

seconds ,earlier than in the case where natural sound only was 

present. The remaining reverberant sound adds nothing to 

the intellig~bility and acts as noise. In effect, therefor,e 1 

the useful contribution of 30 milJ.is,econds of the reyerberant 

so:Und. has been lost,. and the .re,verberant n.o1 se has been 

increa.sed. 

If/ •... 
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If, finally, the case is considered where the amplified 

signal has been delayed to occur say, 20. milliseconds atter 
I 

the direct sound from the speaker has reachea the observer 1 

the position is as follows: The direct sound from the human 

speaker, plus the signal from the amplifying system, plus the . 

first 90 milliseconds of r.everberant sound all contribute 

toward the useful signal, and the reverberant ~ound ·occurring 

after the first 90 milliseconds acts as noise. 

From the above discussion it is clear that for equal 
~ . 

loudspeaker output, the delayed system will yield higher · 

intelligibility than the undelayed system, because a greater 

fraction of the reverberant sound acts as useful signal, and 

a smaller fraction of the reverberant sound acts as noise. 

This surmise appears to be borne out by results obtained in 

practice. 

(1) Parkin 22) reports consistently higher articulation 

percentages with delayed spee~h reinforcement than with 

the same system without delay. 

the above explanation. 

~his is in agreement with 

(2) Results obtained in the House of Assembly in Cape Town 23 ) 

are shown in figUre 3~. In these tests, the observers were 

seated at a distance of about 30 feet from the speaker. Small 

loudspeakers were affixed to the seats behind the observers, 

and delayed or undelayed signal could be fed to these loud-

speakers. The artificial delay introduced "tvas about 50 

milliseconds. The two curves show clearly the improvement 

in articulation obtained with the delayed system. Note also 

the initial decrease in inte11igib~lity that occurs with 

undelayed speech reinforcement at low loudspeaker levels. 

5.2. Application/ •••• 

22) Parkin·, P.H. and Taylor', J.H.: 11 Speech reinfol:"cement in 
St. Paul 1 s Cathedl:"a1 11 - ~vireless ~vol:"ld, Feb. 1952, 
pp. 54 - 57 and Wireless Wol:"1d, March 1952, 
pp. 109 - 111. 

23) 11 Ak.oestiek van die Suid-.Afrikaanse Volksraadsaal 11 , 

C.S.T.R. Report A57/48194/l of June 1954. 
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Jk._3; A1Jplica tion. oJ exper.imen t.al results to the, 
computation of ar~icglation percentages: 

· The method of articulation tests is one which yields 

excellent results in the testing of halls, especially those 

intended principally for speech. Observers, placed at 

different. positions in the hall, are required to write down 

test lists which are read to them. Provided enough obser-

vers are available, very useful information can be derived 

from these tests. The tests may also be used. to determine 

the effe.Ct of acoustical treatment, simply by compa:r:tng 

results obtained before and after the alterations. 

A few different types of articulation lists exist .. 

monosyllabic test lists, spondees, sentence tests and the 

like. The grf.jatest handicap shared. alike by all of them is 
' the necessity of employing a large nu:tJlbe:r of observers if 

consistent :results are to be obtained. For reliability, 

tests carried out in halls, where repeatable :results are 

required at quite a few different positions, require anything 

from fifty observers and upwards. In many cases, suitable 

observers are.not available, or not available in sufficiently, 

large numbers. 

French and Steinberg 24) have described a method'gy 

which it is possible to calculate articulation percentages 

from physJtcal measurements. In its essentials, the method 

consists of level measurements over twenty critical bands 

each of which will, under optimum conditions, contribute an 

equal runount to the overall intelligibility. By measuring 

the useful signal and the noise in each band, it is possible 

to compute the percentage articulation that would be obtained 

vd th an experienced observer. 

The/ •... 

24) French, N.R. and Steinberg, J.C.: 11 Factors governing the 
intelligibility of speech sounds 11 , Journ.Acous. 
Soc.Amer. Vol. 19, pp. 90 - 119, 
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The beauty of the method lies therein that physical 

measurements suffice to yield an answer in terms of wha.t is 
·, 

really a subjective measure, and that the consistency of the 

answers depends only on the physical measurements and not 

on the idiosyncracies of individual observers. Unfortunately, , 

application of the method to building apoustics poses many 

problems, in particular as a result of echoes which are 

.invariably present to a greater or a lesser degree. It 

could be possible, hO"t"leVer 1 that the method might be 

successfully employed if use were made of the integration 

characteristics of the ear as found by the present writer. 

The total effective level in each critical band would then 

be the resultant.of the direct, or primary, sound and the 

following echoes. The level, as a function of time, of the 

primary sound and echoes will have to be measured at the spot 

for' which the percentage articulation is to be calculated. 

Integration of primary sound and echoes can then be performed, 

in acc?ra.nce with the results described in a previous section, 

to obtain the tot.al effective signal in each band. Sound 

occurring later than 90 millis.econds after the primary tone 

can be regarded as noise, and added, on a power basis, to any 

other noise that may be present in that particular band. 

A conside.rable amount of work still has to be done, especially. 

as far as the instrumentation si4e of the problem is concerned, 

before this method can be applied to architectural acoustics; 

but if it is successful, it should prove quite a big step 

fo~ard in the assessment of the acoustics of halls. 
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APPENDIX 
CALCULATION OF OPTIMUM REVERBERATION TIME FOR 
ROOMS IN ~VlUCH INTELLIGIBILITY OF SPEECH IS 

OF PRINCIPAL INTEREST 

Although reverberation time is not the fundamental 

characteristic of a room that determines the intelligibility 

of speech and the quality of music 1 i i; is a secondary effe-ct 

which can be. measured relatively easily and which has for a 

long time been taken as a measure of the -suitability of rooms. 

A further-merit of this characteristic of a room is the fact 

that it can fairly easily and relatively .accurately be 
,. 

controlled by the designer. ~vi th these merits and in spite 

of all the latest work in the field of architectural acoustics, 

reverberation. time will most probably be the primary factor 

in the design of rooms for some time to come. 

As far as music is concerned, the reverberation time 

affects the quality of the musical tone but the subjective 

results - blend, presence, defihition and the like - are 

apparently so highly divergent from person to person that 

correlation with physical measurements is extremely difficult~ 
\ 

I 

The optimmn reverberation times·for rooms of different volumes 

are therefore based mainly on judgements of whether a given 

hall with a given reverberation time sounds gooa or bad. 

Parkin and others 18) found that the optimum times given by 

Knudsen and Harris 19) fall very close to those measured by 

them in halls usually designated as 11 good 11 , Recent work by 

Kuhl l7) suggests that ~c:2e type of music rather than the hall 

volume 1 determines the optimum reverberation time. 

Concerning rooms designed principally for speech, .the 

problem is much more clear-cut. The reverberation time should 

be of such a nature that naturalness of speech is preserved 

(e.g. undue discrimination against any frequencies in the 

speech frequency spectrum should be avoided) and its value 

chosen to yield maximum intelligibility of speech. 

If/ •..• 
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If the two extremes are considered - a hall with no 

reverberation at all on the one hand, and a hall with a v~ry 

long reverberation on the other - it will be seen that both 

cases will yield low intelligibility if the halls are large. 

In the oase of the hall with no reverberation, free field. 

conditions exist as far as speech propagation is concerned, 

with the result, that the sound pressure level at positions 

far from the speaker will b~ too low for satisfactory under­

standing of speech. On the other hand 1 if the reverberation 

time is too long, intelligibility_will be impaired by delayeu 

echoes_which act as masking noise. Apparently) therefore, a 

reverberation time having a value somewhere between these two 

extremes can be found that will yield a maximum useful signal 

to noise ratio and which can therefore be considered as the 

optimum value for that given volume. 

In the calculations which follow of optimum reverbe­

ration time as a function of volume, certain assu~ptions were 

made, which will now be given. 

(1) The dimensions o'f the rooms are: length 1.5D; width 

l.OD; height 0.5D. Consequently the volume is 0.75 n3 and 

the total surface area is 5.5 n2. 

(2) The distance from observer to speaker is 1. 0 D·. 

(3) The diffusion is perfect, and the sound decay is a 

continuous exponential function, so that the sound pressure p,_ 

at any given time t after cessation of signal is given by 

p • Po E -~ where T60 is the reverberation time in 

seconds, and p0 the steady state sound pressure reached before 

cessation of the signal. 

(4) ~he reverberation time is independent of frequency. 

(5) The masking properties of reverberant sound caused by 

speech are the same as those of the random noise used in an 

experiment which will be d{3scribed later. 

(6) The/ •... 
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' (6) The speaker has an acoustical power of 50 microwatts and 

is a perfect point source (i.e. omnidirectional). 

(7) The noise generated by the audience is uniformly 

distributed over the entire floor area, and has a density of 

3.16 x lo-12 watts/cm2 . 

(8) The steady-state level is reached very rapidly, so that 

initial build-up of the level can be neglected. 

(9) The integration characteristic of the ear as depicted 

in ,f;1,g'Ly:'e 2,0 holds for multiple echoes also, and is independent 

of the ratio echo level to primary sound level, as well as 

independent of absolute level. 

Calculations of the contribution of the reverberant 

sound to the signal and noise components of the sound reaching 

the observer were now made as follows: 

The-intensity of the reverberant sound ~_given by 

W = WoE - 13•8 t/T60 watts per cm2. Over the first 30 milli-

e d th f 1 i i b E 30 · T.r
0 

,
1
r 0. 03 se· on s, e use u energy s g ven y 0 = vv ~ 

0 
z: - 13 · et;T

60 
dt. o th · d t 3o illi d t -~ ver e per1o ~ . m secon s o 

t·= 90 milliseconds, the useful energy i~ given by 

E 90 = Wo f~(~5E -l3;-St dt where K(t) is a function of time 
30 :J Oo03 T60 

given by the curve of figure 20. This part of the integration 

was performed graphically" The rest of the reverber.aht sound 

occurring after 90 milliseconds was 

energy being given by the relation 

The total energy in the reverberant 

f 00 -13.8t; 
ETR = Wo E T6o dt. 

v 0 . 

regardedja~ noise,. the 

ENR = Wo E -.13,• B,t, dt 
. 0.09 T60 • 
sound is given by 

The sound intensity at the position occupied by an 

observer D feet from the speaker, disregarding the noise• due 

to the audience, is Wo a~ watts/cm2 25 ) due to the 

reverberant sound (ws is the power output of the speaker in 
s . 

watts, R • 1~ where S is the total surface area of the room 

in squa.l"'e centimeters, and Q( the absorption coefficient). 

The/~ .. ~ 
25) Beranek, L: Acoustic measurements (1Viley) p. 673. 
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The parameter R can be calculated from Tso using the Eyring 

formula T5o = ~S 0in V (l-~·) • 

It is next assumed that as far as the reverberant 

sound is concerned, the ratio useful power to total power is 

equal to the ratio useful energy to total energy, i.e. 
wu; Etm/ ' · · 30 90 · wo = ETR where ErJR = E 0 + E 30 . · The useful 

reverberant pov-,rer is therefore found from the previous 
/ 

calculations: WuR: EtJRfETR X Wo. To find the total useful 

power, the contribution from the direct sound must be added. 
:Ws . 25) This is Wn = ·4 lt ;z where r = 12 x 2.54 D centimeters. 

The total useful power is therefore. WT ~= WuR + \IJ'D. Similarly 1 

the reverberant noise power is WNR = EwR;ETR x \vo watts/cm2 

to which must be added the noise due to the audience, which 

also consists of two components: The direct component, which 

is 3.16 x lo-12 watts/cm2 and th,e reverberant component given 
- 3 16 1o-12 1 sn2 2 2 by WAR :;:. · • x xR X4 X144X 2 •54: watts/ em . The total 

noise is hence WNT = WNR + 3.16 x lo-12 + WAR watts/cm2• 

One more factor nrust still be knovm to enable the 

determination of optimum reverberation time: the signal. 

level required with a given noise.level, to obtain a certain 

arbitrary percentage articulation. To evaluate this, an 

observer in the anechoic chamber was presented with word 

lists in the presence of random noise. The signal level 

required to attain a 50% articulation e.;3ore at dlfferent levels 

of masking noise was found, and the results are shown in 
I 

,f,i.gg,re 35.. All levels -are given in db referred ~GO hearing 

threshold, which is assumed to be Io-15 watts/cm2 for the 

purpose of these calculations. 

Now, knowing the total noise ir:. the hall, the curve 

of ,f,igure 35, could be used to. det;ermine the signal level . 
required for 50% articulation. By assigning various values 

to T0o and calculating the total user'ul signal and the total 

noise/ ••.. 
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noise for each value, the total signal and the total noise can 

be plotted as a function of T60 • lffiy plotting on the same axes 

the signal level required for 50% articulation at each value 

of T6o' the excess of useful signal over that required for 
( 

50% articulation can be obtained. The value of T
60 

where 

this_excess ie a maximum, is then the optimum reverberation 

time. 

An example of the Calculations carried out may 

clarify matters. The speaker i-s assumed to radiate 50 pW 
under all conditions. 1Vhen D = 51 feet, V = 100,000 cubic 

feet and S = 14,300 -square feet. 

When T6o • t second 

Wo (reverberant ;ound due to speaker) = 1450~10-~ watts/cm2 

- o,.05V , 
T 6 0 =- - S ln ( 1- 0( ) 

- - 5 
. l (l ) 0,05 X 10 1 • e • - n - Q( = 0. 5 x 14, 300 

Thus 

Hence 

given by 

is given 

from which Q( • 0.50~ 

s . 
R • 1~ square .feet, or 13.5 x 

200 x 10-6 2 
Wo = 13.5 x 1o'6' watts/ em 

Tne useful energy in the first 30 milliseconds is 
30 (0.03 -13 8t 2 

E o ; W0 j O 'f!: 0 : 5 - dt:: 0.0204 1v0 joules/em . 

Useful energy in the interval 30 to 90 milliseconds 
,. o. 09 ' . 

by E ~g:: \voJI K(t)! -.l.g:~t, dt = 0.0064 \rJ'o jou1es/cm2 • 
. 0.03 

The totg.J. energy in the reverberant sound due to the · roo -
speaker is ETR = Woj 

0 
-e:·-18:~t dt = 0.0362 tvo jou1es/cm2• 

The :u,sefu1 reverberant-energy is (0.0204 + 0.0064) Wo 

jou1es/cm2• The 1evel.is therefore 0· 0268 Wo watts/cm2
t 

0.0362 
i.e. tvuR = '10,95 x 1o-12 watts/cm2 • To this must be added 

the tl.ire,ct sou,n<l from--the speaker. 

Wn ... 5Q x lu6 - . = 1.65 x 1o-12 watts/cm2 
4UX512x122x2.541! 

. . Total u,sefu,l signa.l = 12.6 x lo-12 watts/cm2. 

Resve~erant noise_ ,energy: due to the speaker is given by 

WNR = Wo 'E -ll..Jlt .dt = 0.00302 w·o joules/cm2 
0.09 °· 5 

• • • Noise/ •••• 
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_ 0.00302 Wo = 1 •24x10-12 
- 0.0362 . 2 

watts/em 
. . Noise level due to speaker 

~everbergnt noise due to the gudience is given by 

wAR= 3,.16xlo-
12

xl.5D2x144x2.542,m • 3.38xlo-12 watts/cm2 
13.5xlo6 

-12 I 2 Direct noise ,due to the a.udienc,e is 3.16xl0 watts em 

•• • total noise. (1.24 + 3.38 + 3.16)10"'12 watts/cm2 • 

7.78~1o-12 watts/cm2 

Hence, referred to lo-16 watts/cm2, the useful signal level 

is 51 db and the noise level 48.9 db. 

These Calculations were carried out for different 

values of reverberation time. In the case of T60 = 0 it' 

was assumed that only half the noise power generated by the 

audience reached the observer, the other half being absorbed 
I 

by the floor. The signal and noise levels, in db r~ l0-16 

watts/cm2 were then plotted as a function of reverberation time 

and the signal level required at each no~se level to produ~e 

50% articulation was found from i1~re 3,~, and plotted on the 

same axes. The difference, in db, between the actual signal 

level and the level required for 50% articulation was also 

plotted, and.the value of T60 where this attained a maximum 

was taken as the optimum reverberation timeo 

The values obtained for a hall of 100,000 cubic feet 

are shown in t~e 3,6. The optimum reverberation time is 

seen to be about 0.6 seconds. Repeating the Calculations 

described above for different assumed values of volume, enabled 

the curve of optimum reverberation time as a function of volume 

to be drawn, figure 37. The optimum curve due to Knudsen 26) 

is also shown. It is of interest to note that Knudsen's 

curve was calculated rrom the following data, all obtained 

experimentally: 

(1) The/."' •• 

26) Knudsen, V.O.~ .Architectural Acoustics (Wiley) p. 3'94. 
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(1) The decrease in percentage articulation wit:h increase in 

reverberation time. This relation was obtained from articu-

lation tests performed in halls of approximately the same shape 

and volume but different reverberation times. Correction was 

made in each case to give the percentage articulation whioh 

would have been obtained with an average sound level of 70 db. 

From this corrected curve, the reduction factor for the 

articulation percentage for increasing reverberation time was 

computed; this factor is designated by Kr. 

(2) In a large hall, a speaker tends to speak louder than in 

a smaller hall. Measurements were made of the acoustic output 

o~ various speakers in halls of different sizes, to obtain the 

relatioh between average speech power and hall volume. 

Now, assuming a given volume, the average acoustical 

power of the speaker,was determined from (2), and the resultant 

level for different values of reverberation time could be 

calculated. This level was expressed as a- fraction K1 of a 

level of lo-9 watts/cm2 (which is _regarded as yielding maximum 

articulation under optimum conditions) .. 

The product Kr KL is then indicative of the articula­

tion to be expected, and the value of reve:r·beration time for 

which this product; >vas a maximum· was take.n as the optimum for 

the particular volume for v-;hich the calculations were made • 
.. 

Knudsen 1 s curve therefore takes no direct account of 

the ambient noise due to the audience and of the direct sound 

which, in the case of small halls with a short reverberation 

time, may be an appreciaole fraction of the total useful energy 

received by the listener, 

As v-rill be seen from figure ,36 the total noise present 

is an important factor in the determination of the optimum 

reverberation time. The value of the noise due to the 

audience would appear to .~ve been chosen rather high; but 

at/ •..• 
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at the time when the calculations were carried out, this value 

was chosen purely for convenience and the implications only 

came to be realised afte~ most of the rather laborious 

arithmetic had been done •. 

Although it does not appear as if a slightly lbwer 
/ 

noise level would affect the optimum reverberation times 

calculated very much 1 it i·s proposed to glean more accurate 

information as to its value from measurements in halls with 

an audience· pre sent.· The optimum reverberation t:Lmes can 

then be recalculated in the light of these results. 

Another point to be noted is that the optimum ~ever­

beration time as calculated is not very sharply defined. This 

is also the case in the calculations given by Knudsen, and is 

in accordance with the results obtained in practice that the 

optimum reverberation time of a room is not very critical~ 

As has been stated earlier on, perfect diffusion and 

uniform decay were assumed in calculating the optimum rever-

beration times. In a well designed auditorium, however, 

reflective and abso~ptive surfaces are so arranged as to ensure 
' . . 

that the first reflections reach the audience within the 

integration period and delayed achoes are minimized~ with the 
. 

result thaJc ·t;lJ.e above assumptions no lo~1ger hold. Under such 

conditions it .is possible that maximum speech intelligibility 

will require a reverberation time more in agreement with 

Knuds~n 1 s results- if on~ can still talk of a definite 

reverberation time of a hall under such circumstances. 
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Diagram showing relative positions of observer and loudspeaker 

in anechoic chamber for tests with three echoes. 
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