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1. :tNTRQDUCTIOg

Tt is well known that the sound energy reaching a
ligtenér in an enclosged space, such as a room, consists of two
‘parts, viz. direct gound and reflected oy reverberant sound.
In the vast majority of cases the total energy fecei#éd as &
result'of refléetions,frsm walls aqd~ceiling, ls at least equal
to, and quite frequently mich more, than that received directly

from the source.-

Slnce the reflected sounds must of necessity travel
further than those that reagh the listener directly, they
constitubte in effect a number of echoes. It is a characterw
1stlc of the ear that, as far as directlional location of the
sound so@rce 1s concerned, only the first pulse of each pulse
train 1s ftaken into account.  The listener, therefore, will
Judge the direction from which the sound 1s coming, as being
that direction from which he receives the first pulse. In
the normal case of a listensér in a hall or a réom, th;s will

of course be the direct sound.

There is yet another effect; however, which Easvbeéh'
qualitatively and quantitatively examined by Haas 1). 'fhis
is namely that, provided certain conditions are met, the firat
pulse arriving at the ear of the 1istenef effectively magks |
all subéequent echoes of that pulse. Using e single artificial‘
echo, Haas determined.by how much the intensity of the echo had
to be increésed with respect to the iﬁtensity of the primary -
sound to appear to an observer to be just as loud as theg
primary tone at a given delay time bebtween them, He used
speech as testlng materlial; his results are shown in *;gn;g;i.
It is evident that for a delay time of say, 20 millisecends,
the "magking! of the primary sound ls consideprable, since for
equal loudness the echd must héve a power of about ten times -
| that/..;
1) Haas, H.: "Ueber den Einfluss eines Einfachechos auf die

HOrsamkeit von Sprache" - Asustica 1 (1951)
pp. 49 -~ 58,



that of the primary sound.

The initial pulse, therefore, serves to indicate the
direction from which the sound is coming, and secondly masgks
the subsequent echoes, whilch in most cases may be arriving from
many different directions in a random manner, Now,'although
in a well designed auditorium or in a smallish enclosure ,
where the delay times are short, the ear does nct notice fhe
echoes as such, their energy is not lost, but contributes very
much to the apparent level and intelligibility of the reoceived
sound, In fact, an intégration of the primary sound and
echoeg 1s performed by the ear, analogous to the way in which
the eye can integrate a flickering light or light pulses, %o

‘obtain an effect of continuity.

The exact way in which the ear integrates thé echoes
of speech sbunds has been a matter of speculatlion for qulte .
some time., Von Békésy 2) has measured how the loudness of a :
pure tone increases with time after initiation, and found thaﬁ"
it reaches a maximum after about 200 milliseconds, as shbwn iﬁ
figure 2. - The éubsequent decrease ié due to fatigue effects,

3)

Munson repeated these measurements, and obtained

L
results which, though differing in some respscts, at leas?t

confirmed that integration continued up to about 200 mil}iu
seconds, |

Garner 4) usihg pure tone pulses of adjustable
repétition réte ags well as &uration, tried more speciflcally

to measure the integration characteristics of the ear, and
came/nao.

2) V. Békésy, G.: "Zur Theorie des HBrens" - Physik. Zeltschr,
March, 1929, p.l1ll1l5. ,

3) Munson, A.: "The growth of auvditory sensation" - J.Acous,
Soc.America, July, 1947, p.589,

4) Garner, W.R.! ‘"Auditory Thresholds of short tones as a
function of repetition rates" - 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_frequenoies;_provided further that the signal
was continuous, This conelusion would seém to exclude sgpeech,
which CCVers a spectrum of a few kilocycles, and consists of
sounds essentialliy tranSLent in character, on the average of
roughly 1097 milliseconds duration, Yet, Lnuegwation-of
Speeéh does mos’h definitely .occur, for a qimple calculation
can show that in a 1arge ha;l, at a distance of say 60 feet
from a speaker, the greater pasﬁ of th2 recelved energy ls
due To reverberant sound. If the intelligibility of speech
were due to the direct scund only. the high ratio of rever-
beranﬁ to direct sound would result in extremely poor
srtioulation, In a well designed hall this is manifestly
not the case, leading to the conclusion that considerable
integration of the multipliclty of echoes coﬁstituting 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
loudnees caused by the echo. The test signal, consisting of
speebh aﬁd music, was presented to the observer, who then had
to balance an 800 cycle reference signal for equal loudness.
Thls balance was performed for test signals with and without
the echo, and in the majority of cases they found'that in the
A'présencé of an echo of energy eaual to that of the primary
sound, the lncrease in loudnsas so obtained exceeded 3 phons.
This would indicate thet the integration procese did not
consist of gimple addition of energies,  Haas, hdwever,
questions‘the accuracy of their results. In his case, the
observer had to increase the level of the primary sound, after
the echo had been switched off, until the pyimary sound. appeared
%0 be Juet.as loud as the composife signal éf primary,sound

plue/..
5) algner, F and Strutt Mo s Zeitschrift fir Techn, Panlk

14, (1934) p.355.
6) Liincke, E,: Zelitschrift fiir Techn. Physik 15 (1S34) p. 77,
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plus echo had been. Hig method, therefore, while also being
one of equal loudness judgement,.differed from that of the
previously mentioned workers in that the primary sound 1tselr,
instead of a pure tone, was uced as reference signal. In
the case of delay times not exceeding about 35 mililseconds,
he fouﬂd that without exception the increase in loudness, due
to an echo of loudness equal to that of the primary tone, was
thrse phong. This is the result that would be expected if -

the ear integrated by simple addltion of energles,

It has been aséumeé by som2 werkersa 7,8) that the
ear integrates speech over a period of 50 milliseconds.
Others have varlously taksn the integration period as 62
milliseconds 9) or only 30 milliseconds 10). It seems
unlikeiy, however, that the lntegrabtlon perliod will be a
definlte time interval. owrer which complete integration takes
place, and that outside this interval no integration whatso-
ever occurs, Rather, one expects that as the time lnterval
lncreases, integration or the sound energy will graduélly

decrease, until at some stage a masking effect might even be

produced by the echo.

In the design of auditoria, publicrad&ress systems
and the like, the problem of echoes becomes of paramount
importance. - Fcr the reinforcement of sound, elther by
natural echoeg or artifiecilally delayed amplified sound, it is
necessary to know how the contribution of the echo to the

intelligibility'of speech depends on the delay time. In other

words/....

7) Petzold, F.!: Elementare Raumakustik, p.8 (Bauweldt)

8) Meyer, E.: '"Definition and Diffusion in Rooms', J.Acous.
Soc. America 26 (1954) p.634.

9) Zwikker, C.: "Verstasnbaarheid van Luidsprekerinstallaties! -
Ingenieur {(Den Haag) 44 (1929) p.39.

10) Sawade, S.: "Bemerkungen zu einigen Problemen der Raumalkusbik®
Elektrotechn. Zeit., 71 (1950) p.245.
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words, tPejfraction of the echo energy that ls integrated is
in all probabillty a funcélon of time, and it 1s necescary
to know vhat that functicn is, Furthermbre, to obviate
disturbing echoes, it 1s necegsary to know at what intensities,
glven a certain delay ftime, an echo becomes audible and
finally objectionable, The oriterion rroposed by Bolt and
Doak 11), baced cn the resﬁlts obtained by Haas and by
themselves, as well as 1atér'work by Muncey, Nickeon and
Dubout 1) shows that the aczeptabllity of echoes depends
amongst other things, to « large extent on the reVe?bération
time of the room and that echoes become less nqticééﬁle as

the reverberation time is increased.,

The object of the research hereln described was
twofold: First, to determine, as a function of delay time,
at which intensity an echo besame audible and évehtually as
loud as the primary sbund under non-reverberant conditions;
and secondly, tc determine the law according to which the
ear integrates echoes to enhance the intelligibility of

speech, and its implications in architectural acoustics.

11) Bolt, R and Doak, P.: "A tentative criterion for the .
short-time transient resgponse of auditoriums®
J.Acous, Soc. America 22 (1950) pp. BO7 - 503,

12} Muncey, R.W., Yickson, A and Dubout, P.: "The acceptability
of gpeech and music with a slngle artificlal
echo?, Acustica 3 (1953) pp. 168 - 173.
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8. _APPARATUS AND TESTING MATERIAL,

2.1 .1, Apparatug?

The apreratus used to produce a single ertifi cial ‘
echo 1s shown diegrammatically in fisure 3. An endless loop"
.of magnetic tape is drlven at a speed of 15 inches per seoond i
by capstan O over two sets of erase, pecord and playback
heads By By Py and Ep Ry Py respectively, Between the vecord
.and playback heads of each set of heads, the tape has to pas? g
over pulleys py and po. These pulleys were mounted on a |
carriage which could be moved by a worﬁ gear Towards either
of the two sets of heads, as indicated.ﬁy the arrows in the
figure, ' ' S |

Signal, appliefl to the two record heads simultaneously,
will be-reproduced by the playback heads after a certain delay,
determined by the distance the tape has to travel between the
record head and its assoolated playback head. Hence, If the
pulleys pq and po are exactly in the middle, the delay time
between Ry and Pq will be the same as the delay time between
Ry and Po, with the result that there will be ne delay between
the signal from Pl and that from Pye  As the ocarriage carrying
pj and po is moved from the centre position, the signal from
P, will lead or lag that from P, mccording to whether the '
carriage 1s moved towards P1 or P2 respectively. In this
manner, delays ranging from O to 500 millisgeconds could ba

obtained, with elther of the two channels shead of the other,

2,1.2. Tegting Materiall

| All the test material used was recorded on an AmpeX
model 408R tape recorder, at a speed of 73 inches per sedond.
The signal from the iupex was fed to the record heads of the{
delay mechanism through a common regording: amplifier,  From

the two playback amplilfiers of the delay'mechanism, the two

signals/....-
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,The 1l1sts wers read at a constant speed, one line
every seven seconds, Each line conslsted of an introductory
phrase followed by two test words. The speech level was
maintained as constant as possible, A test signal of twelve
seconds duration was recorded between lists for calibration
purposes. | | |

For thevbenefit of Afrikazneg speaking observers, a
set of 17 Afrikaans word 1iste, similar to the Harvard PB 50
llstse, was drawn up, and récorded in exactly the same way.
These two recordings were then used in all the tests deseribed

hereinafter; about equal nuwibers of nglish and Afriksans

speaking observers were used.
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3. TESTING PROCEDURE TO DETERMINE "THRESHOLD
OF PERCEPTION" AND "EQUAL LOUDNESS" CONTOURS.

Set. . Callbration of apparatusg:

To ensure equal output from the two channels, the

following method was adopted:

A lkc warble tone, sweeping through a 100 cycle
deviation at a rate of 32 times per second, was fed into the
Ampéx recorder. The Westérn Electric condenser microphone
was suspended in the anechoic chamber at the spot where the
head of a seated observer would normally be.  Output froh
the microphone was fed to the level recorder, which fitted
wlth a 10 db potentiometer, was capable of O.l.db resolution.
Hence, by swltching on one channel at a time, it was possible
to eqﬁalise the levels of the two channels by means of the
stepped attenuators, the smallést steps of which were algo
0.1 db, |

In order to be able to correct for drift in the gain
of any of the eleétronic apparatus, a calibration signal was

‘recorded, as previously men?ioned, 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 ampliflers, the absolute 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 two 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
/!

18/ v,
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1s that the test signal was stili'relatively of narrow band-
width, centered at lke, whereas Speeoh fills a much wider
,band. Had random noise been used as a test signal, this
trduble would not have heen eliminated either since then fhe
test signal wbuld have covered a much wider band than the
speech. As can be seen from the frequency response curves

of flgure 6, the two channels are very similar over thevspeeCh
frequency spectrum, so that ﬁsing a lkc warble tone would
give, to a first épproximation at 1east; equal intelligibility
of speech for equal outpu® of test signal.

3.2. The threshold of perception and equal loudness contours.
S.2.1..  Determination of threshold zontours:

The level at which a single echo just becomes
noticeable depends on two féctors ~ 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 threshold.
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 hearing

threshold of the flve obgervers used in thesge tes?s.

Seated in the énechoic chamber, the observer was
presented fifst wilth signal ffom the primary loudspeaker |
only.. The signal conslsted of Harva?d Articulation Lists,
as previously described in section 2.2. With a certain
fixed delay between the two channels, the echo loudSpeakef

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

\ ‘pressing/....
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pressingya button, that it was 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 hear the echo loudspeaker as a
separate source during a given group of signals. Each group
consisted of three lines of a Harvard 1list and the obserwver
had to indicate after each;group had been heard, whether he
had heard the echo loudspeaker or not. Indication was given
by pressing one of two butfons, "yes" or “nol, Test sessions
usﬁally lasted for about half and hour,. after which an

adequate rest period was allowed.

For each delay time, the intensity of the echo
loudspeaker was varied by an integral number of decibels, in
more or less random faghion, after each group of three lines
had been presented to the observer. After each group, the
obgserver gave his judgement and to facilltiate interpretation,
the results were plotted as shown in figure 7, which is a
typical example of the results obtained. As will be seen,
each "no®" or "yes" judgement was noted by means of a dot on
the appropriate line 15), 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 'no' judgements failing to the right
of thie line was equal to the number of "yes!" judgements
falling to the left of the liné. 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 primaxry
standard' -~ 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 other channel
leading in time.!‘ In thils way, lnequalities that might have
existed between the two channels (due to slight differences
between the loudspeakers) tend to cancel, and any possible
directional blas on the part of the observer 1s also cancelled,
Eiguig_& shows the results;obtained wlth one of the observers.
The circles indicate that the left hand side channel was
leading, and the déts 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—
seéonds, and in figure 9O the mean results of each observer
are shown, and in figure 11 the best curve through the mean
.of these points,'for’a primary tone having a level of about
25 db ré hearing threshold. The tests were repeated with
the same five observers,‘with'a primary tone level 256 db
higher, i.e. at about 50 db above hearing threshold.  The

results are shown in figures 10 and 11.

S3.2.24 Determination of equal loudness contours:

The technlque 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 whlch of the two channels sounded the louder, "Equalt

Judgements were not permitted.

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 the threshold tests of section 3.2.1
are shown in figures 12 and 14 for a priméry tone level of

25 ab/....
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25 db, and in figureg 13 and 14 for a level of 50 db,

3.3.  Estimate of accuracy of results.
S5.3.1. The threshold contours:

To estimate the accuracy-of the contour obtained
with a priméry sound of 25 db above hearing threshold, the
polnts obtained by the five observers at a delay time of 80
milliseconds were considered, Reference to figure 9 shows
that the spread at 80 milliseconds is representative of the
spread obtained at other delay times, and if anything,
8lightly greater than average. Calculation shows that the

14 )

standard deviation at 80 milliseconds is about 2 d4db.

In the case of the 5C db .curve (ijiguxi;ug) 1if the
points obtaihed at a delay of 20 milliseconds are considered
to be representative, if somewha’t pessimistic, of the spread
obtalned for this curve, the standard deviation works out at

2 db,

2 e_equ 0 e contours:

Al

In the case of the 25 db contour, the points obtained
at a delay of 50 milliseconds (see figure 12) were used to
calculate the standard deviatilon (about 1 db).

In the case of the 50 db contour, analysis of the
points obtained at 50 millisecond delay (figure 13) shows the
standard deviation to be about 2 db.

The standard deviations found above are of the order

15).

obtalned with subjective tests of this sort At the

ghorter/....

14) Mounsey, I¢ Introduction to statistical calculatlons
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 is probably a bit less, in view of the larger
spread and greater deviatibn of mean points from a smooth

curve, that have been obtained here.

3.4. Discussion of the reéults obtained.

Ss4.1.  Threshold of perception contours:

Reference to figure 11 shows that the level of the echo
ré the primary sound is not the same function of delay time
for both the values of primary sound intensity considered.
The general appearance of the curves 1g 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,  Faual loudness contours: : N

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 1s possible that the presence of
vestigial echoes in his testé may account for this. Much
mbre interesting, however, 1s the fact that the curve
obtained by the present Wrifer differs somewhat from his,
as figure 15 will show. This figure shows the results
obtained by Haas, with the 50 db contour of figure 14 super-
imposed (dotted line). It is possible that these differences
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 posgsibly beiﬁg present
in Haas's tésts, may account for the differences. Ano ther

possible source of error mlght be the fact that his equipment

aida/....
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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—frequenoy response, such as'may be
occasioned by slight differences in'ofherwise identical
lqudSpeakers, or slight misalignment of one of the playback
heads. u/ j l |

In figure 16 is shown the threshold of pefception
and egual loudness. contours obtained with a 50 db primary
sound, K 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 1s that
the observer was told, for determination of the threshold
contour, to press the "yes" button only when he could
definitely hear sound coming from the echo loudspeaker, as
s separate source, Now, at fairly longish delays, this is
eagy since a definite echo can be heard when the echo loud-
speaker reathes a certain level. At shorter delays, however,
no distinet echo can be heard. As the echo loudspeaker
" increases in intensity, a change in the quality of the sound
1s first noticed. The initiated listener will realize that
this is due to the echo loudspeaker, and will therefore,
strictly speaking, be aware of ltg presence. Still, at this
point, had the obserﬁer not previously known of the presence
of the echo loudspeaker, he would not ﬁet have become aware
of 1ts presence. Hence the instruction to the observer to
signal awareness only when hé could definitely hear signal
coming from the echo loudspeaker, Consequently at very short
delayé the observer sensed that the two loudspeakers were on,
and even judged them to be equally loud, long before the echo

loudspeaker could, as 1t were, override the primary loudspeaker

and/ [ L 4
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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
delaysQ

Finally, mention must be made of a ecurious 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 appérent sound source moved from one side %o the
other, passing cldse to the head, somewhat higherlahd to the
front of the observer. With no delay, the sound source
seemed to be, roughly, in the same position relative to the
observer as the llve speaker had been relative to the micro-
phone when the recording of the testing material had been made.
This was observed for the caseé where the two loudspeakers
were connected in phase. When they were reconnected to be
jJLjunggﬁggg the sound source seemed to_trQVel agaln 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 inside the head of the
observer, slightly toward the back, but at the level\of the
eérs.- Thie effect was obtained at every point in the
anechoic chamber equidistant from the two loudspeskersg.

When a glight delay was introduced, moving to a point‘clbser-
to the echo loudspeaker and further from the primary loud-
speaker, again brought on the sensation that the sound source
- was inside‘thé 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.,1.1,  General considerations:

To measure the 1ntegrat1ng characteristics of the
ear, Harvard PB 50 articulation test lists were used as in
‘the previous tests. As 1s well known, the articulation
score obtained by an observer under a given set of conditions
can be distressingiy variable, and the varlation from observer
" to observer much greater still. Clearly, therefore, to
obtain reasonably reliable results with articulation tests,
~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 with 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 e test on one

day, and the other half the next day.

(3) Reasonable dare should be exercised in the choice
of an observer. A person who 1s incapable of
sustained albelt not too severe concentration,
will yield disappointing results. Unfortunately,
this inability iS'usuelly only detected after at

least one test has been performed.

C4.1.2,  Principle:

As is known, the percentage articulation obtained
by a given observer is, all other things being constant, a
function of the level at whicﬁ the words are heard. In
Ligure 15 is shown a curve of percentage articulation vs. level

in db ré hearing threshold. The curve shown was obtained

during/. .
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articulation vs. power output of one of the channels would
likewise have shown a ghift 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 degr?e of accuracy could be obtained
with 1%. If successful, the method could be used to measure
the integrating properties of the ear, 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'chanhels.

The procedure followed in the preliminary tests to
check the accuracy of the method, and in the subsequent tests

with delayed echoes,Ais described in the followlng section.

4.1.3. Description of preliminary tests to check 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 performed as set
out in section 3.1. Test sessiong were started off'by
playing to the observer, seated in the anechoic chaﬁber, a
word 1list through one of the channels. Beginning at a low
level of only a few db above hearing threshold, the same list
was played over about four times, the level being ingreased
by five db after each playing. Thié served to accustom the
observer to the tests, and also showed roﬁghly at which
level he attained a 50% articuiation score. This level
varied from observer £0 observer, depending amongst other

things, also on theilr individual hearing thresholds.

Having ascertained where the obserwver would score

50%, the test proper was started by letting the observer

write/....



21,

write three complete lists, presented to him through one
channel only, at a level about 10 db lower than that réﬁuired
fof 50% articulation. This channel will subsequently be
referred to ag "the first channel".‘ Then, the level was
increased by 4 db by méans of the Daven attenuator and the
same three lists again plaYed to the observer. This process
was repeated twice more, the level being increased by'4 db
for each repetition, Such a session took about 45 minutes,
and after its conclusion the observer marked the 1ists he
had written, This part of the test will subsequently be

referred to as Test 1.

The results were plotted as shown in figure 18.
The mean of the three scores obtained at each level was found,
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 this 1ine,' It will be noticed that the
levels at which the lists were presented, were so chosen that
~ the scores obtained straddled the 50% articulation point.

Figure 18 is a typicai example of thé regults obtained.'

Next, the two attenuator-amplifier-speaker channels.
were connected in parallel to the output terminal of the
left hand side channel of the delay mechanism. Effectively
therefore, the left hand side and right hand side speaker
channels were in parallel since both received the same signal
from the left hand side channel of the deldy mechanism,
By means of the Daven attenuators the two channels could be
adjusted for equal output, using the Western Electric
condenser microphone and Briiel and Kjaer level recorder to
measure the loudspeaker outputs, as described in a previous
section. By using the Ballantine valve voltmeter to ﬁeasure
the voltage fed to the speaker qsed in the test Jjust described,

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

where/. ...
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where the second channel wasg not connected in parallel, This
wasg necessary since connecting the two attenuators in
~parallel to the delay mechanism loaded the latter so that a

drop 1ln 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 wers repeated
at increasing levels, until the observer had written the
group of three lists at four 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
simﬁltaneously. The levels noted were, however, those of
the firet channel. They referred (being in db) to the same
arbitrary reférence level of electrical output from the Leak
power amplifier, as was used as reference in the firét part
of the test, The results of thls second test, subsequently
referred to as Test 2, were plotted exactly as before
(figure 18). |

Finally, the apparatus was reconnected as for Test 1.
This time the first channel was muted, after the channels had
been readjusiced to obtaln equality. The second channei wa.s
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
were plotted as before and the best straight 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, glve the same acoustic output (as
measured with the condenser microphone as before) as the
reference level, used in test 1 and test 2, would give ﬁith

" the first channel, and this test will be referred to in

future/....
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future as test 3.

An 1llustrative example might help Lo clarlfy the

measuring procedure just described.

Test 1.

50 millivolts across sﬁéaker 1 voice coil assumed to
glve a level 31 db gbeve hearing thresheld, |
Channel 1 attenuator setting for 50 millivolté across
speaker 1 voiée Eoil:-i 5.7 db |
Channel 2 attenuator setting for equal éound pressure
(measured with condenser microphone)i- 6.3 db
Voltage across voice coil of channel 2 speaker with
attenuator set to 6,3 dbi- 51 millivolts

With channel 2 mutéd, articulation lists are presented to

the observer at the following settings of channel 1 attenuator

{ab)
or.w 24,7 21.7 18.%

Hence, the corresponding respective levels ré the assumed
arbitrary hearing thregholds 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 settlng for 50 millivolts across
speaker 1 voice coll: 4.6 db. ‘

Channel 2 attenuator setting for equal sound pressure
(measured with condenser microphone) 5.6 db.
Artiéulation 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 each channel ré the same hearing threshold
as assumed for test 1, 1s 6,0 9,0 12.0 15.0 db respectively.

Test 3/....
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Test &

Channels reconnected as for test 1,

Channel 2 attenuator setting for 51 millivolts across
speaker 2 volce coil: 6.3 db, f o ‘
Ghanne1 1 muted, lists presented with channei 2
attenuator settings of 28.3 25.3 22.3 19.3 db.
corresponding to levels ré the previous assumed

Al

" threshold of 9.0 12,0 15.0 18,0 db respectively.

These are not actual figures, but weré ¢hosen merely
- Tor the purpose of illustration.

To resume. The levels at which the observer scored
50% were found from the best straight lines drawn through
the points obtained._ The mean of the levels required for
50% articulation in tésts 1 and 3 should theoretically be
3 db higher than the 50% level of test 2 since in the latter

test the power was twicé as much as in tests 1 and 3,

As 1ls evident from the foregoing description, the
tests were performed to the following pattern: One channel,
both channels together, finally the other channel. The

-~

reason for adopting this procedure was threefold.

(1) Some observers were found to attain consistently
highér scores when the sound reached them from one partiéﬁlar
direc¢tion than when it came to them from the other'direction.
‘ Whatever the reason for thls effect, errors which would have
ariéen had the single channel test been confined to one

where the sound came from only one direction; tend to cancel.
"S8ince in the case where both channels are on the sound
reaches the observer from both directions, the result of this
test can only be compared to the mean of the results obtained

with sound coming first from one, then from the other side.

(2) Some/....
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(2) Some observers continued "learning" as the tests
.continued, This means that the level required for 50%
articulation under otherwise constant conditions, would
decrease with each successive test. Of course, there is a
1imit to this learning process, but pro?idéd it is a linear
function of the number of tests perfbrmed for the three tests
under consideration, the effect can be nullified by placing
the "two channel® test in the middle. For example, if the
50% articulation level decreases by n db for each succeeslve
test, the second test would yleld 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 where the "iearning" is
‘not a linear function of number of tests performed, thils

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 muét be
remembered fhat the warble tone test signal did nof cover
the whole speech frequency spectrum baﬁd, and therefore
equal wafbie tone output did not of necessity imply equal |

intelligibility,

esults of pr inar sts wi r :

The results obtained are given in the following

table:

26/ ...
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. Level (in db ré an arbitrary @
Observer reference) required for 50%
articulation, -
Channel | Channel| Mean | Both Difference
1 2 Channels

J.S. 15,1 .13.9 14,5 11.0 3,5
P.L.B. 14.2 | 16,6 | 15.4 | 12.5 3.1

P,B. 15.4 15.0 | 15.2 | 12,2 3.0

J.8. 15,9 | 14:8 | 16.4| 12.4 5,0

Mean value 3,1
I

The results tabulated show a standard deviation of
0.2 db., The method is thérefore'probably of sufficient
accuracy to‘warrant an attempt to use it in determining the
“integrating characteristics of the ear for a single delayed'

echo.

4,2, . Tests with o single delayed echo of the same
intensity as the primary sound.

4.2,1, Method:

Fundamentally’, the method is the same as that used
in the preliminary tests;. the procedure adoptéa was as
follows: éalibration 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 foilowing

sequence was followed,

Test A. With a certain delay between the channels (adjusted
for equal output as described in section 3,1) three word

lists were given to the observer at a zevel chosen to yleld

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

channels was then increased by 3 db aﬁd tﬁe same three lists

/
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repeated. Thils was repeated for two more levels, each 3db
higher than the previous one, giving arficulation percentages
that would straddle the 50% articulation mark. In short,
this test was a repetition of test 1 described in detall in
sectlon 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 were plotted exécfly

as before, and the best stfaight line dréwn throﬁgh the four

mean values of articulation percentage obtalned,

’

Test B. For this test, the two channels were again connected
in parallel to one of the output amplifiers of the delay
mechanlem, = This test was an exact repetition’of test 2 of
section 4.,1.3. The results were plofted’in exactiy the |

same way.

est C proceeded in 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 thé delay
on the delay mechanism to minus the Vaiue 1t had beeﬁ set

to for test A of this section. In other words, the pulleys
Pl
{see figure 3) at a dlstance from the zero position equal to

and p, were set to the opposite side of the zero position

thaf employed in test A. The results were plotted as for
test A,

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 Tfor 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.

Aé/..
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As before, the levels (ré a constant arbitrary
‘threshold) required for 50% articulation were found. The
mean of the 50% level of test A and the 50% level of test C
was obbained, and compared with the 50% level of test B.
~ Since test B represented in effect perfect integration, it
follows that less than perfect integratién'would result in
a displacement of the curves of tests A and C towards the
right, In other words, tésts A and C would require a higher
level for 50% articulation than test B, If the mean of the
50% levels of tests A and 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 me thod employed here perhéps
needs additional elucidation. It is clear that the extent
to which an echo is subjectivelyrintegrated with the primary
signal of equal intensity can be determined in two wa&s -
by comparison with a single signal or by comparison with two
perfectly integrated signals with equal intensities, 1i.e.
two equal signais wlith zero delay between them. Stated other-
wise, one can determine by how much the presence of the echo
1mprovés the effective level above that obtained with the
| primary tone alone, or one can determine by how much the echo

falls short of being perfectly integrated.

If’the fofmér comparison had been made, two reference
tests would have been neceésary ~ one with channel 1 alone,
and one with channel 2 alone, resulting in a total of four
’tests. If, however, the two reference tests are made
éimultaneously, l.e. both channels on simultaneously, one test
suffices as reference, bu?b tﬁis reference is then of course

the case where perfect integration takes place,

4.2.2. Results/...
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2.2,  Resgults:?

The measurements described in the previous section
were performed for delay times ranging from zero to 120 milli-
seconds, The results of these measurements are shown in
figure 19, which depicts, as a function 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 conoerned the useful slgnal had been

increased by the. echo.

Figure 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,

» E;gg:e 20 shows the relation of fractlon of echo
energy integrated with a primary signal of equal intensity

ve, delay time between the two signals in milliseconds,

4,3,  Effect of an echo of ~5 db ré primary. tone.
2.0 Met od?* )

To investigate how the integration characteristic
of the ear was affected by the level of fthe echo, the methods
used in determining the O db echo integration curve were
adopted for the case of an echo of level =5 db ré the primary
sound.,

Setting up of the apparatus proceeded ag in the case
of the O db echo. > The test sequence and procedure algo
‘remained the same, except that now, in tests A and C (refexr
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 with both channels set to equal levels.

As/. ..
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. As the réference test B represented perfedt
integration of two equal signals, the mean 50% level obtained
from tests A and C should be displaced by l;B.db if perfect N
integratlion of the ~5‘db echo took place., This is, of course,
because addition of energles at levels of O and -5 db results
in an increasé of 1,2 db, As before, test.B was done wlth
both channels equal because this took care of both channels
(and both ears of the observer) simulténeously, thereby
-reducing by one the number of tests that would otherwlse have

been necessary,
3 Resgultg:

The curve of flgure 21 shows, for delayg_betweeﬁ Zero
and 100 milliseconds, how fhe energy of a -5 db echo is
integrated by the ear, To be more»precise, it shows, as’did
Ligure 19 how the effective signal level is affected by the

presence of the echo,

4,4, FEffect of an echo of level 45 db ré the primary tone.
4,4.1. Method:

The method used was identical with that used for the
-5 db echo, except that in tests A and C the echo channel was

adjusted to a level of +5 db ré the'leading channel.

4.,4.2, Results:

The results of these measureménts are shown in
Ligure 22 for delay times between O and 105 milliseconds.
4.,5. Dependence of the integration characteristio of

the on 't evel of th I . _

) er consider g !

To determine how the absolute level of the primary
sound and the echo affectsthe integration characteristic of
the ear, 1t was necessary to perform at least the tests with

-

an/...
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an echo of edual'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 perfdrmed were
determined by the levels at which the observers obtained 50%
~articulation, these levels were rather low, being of the "

order of 25 db ré 0,0002 dynes/cmz.

In order to be able to increase the levels without
-also inereasing the percentage articulation, it was necessary
to introducg some artificial masking., This was done by using

random noise as an interfering signal.

4,5,2.  Method:

The masking nolse 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 deseribed in detall in section 4.2.l1. were
then repeated,'in the presence of the masking noise. Flgure
23 shows the results obtained (dots). The solid line 1s
that of figure 19 and is shown for reference purposes.

4,6,  The integration of multiple echpe .
6 enera, rkat

In iiggﬁgﬂgg,it wag shown how the fraction og\the
.singlé echo integrated by‘the ear varled with-delayvfime.
In practice, however, single echoes are comparatlvely rare,
and it is therefore or interest to know if this 1ntégration
characteristic’hoids also for multiple'echoes. A serles of
exberiments wa.s ﬁherefére,performed, in which a primary tone

and three echoes were used.

4:-6.2. ApparatU.S/.-o
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6.2 T H

The mechanlsm used to obtain the four‘signals
required, consisted of a "Pamphonic" delayed sound reproduction
apparatus. Essentially, this machine comprilses a recording .
amplifier, and the uéual erase and bias high-frequency sources
normally assoclated with tape reoordérs; one recording, one
erase, and four playback heads; and four independent play-

" back amplifiers. Instead‘df on tape, this machine records
signals fed into it on a rotating disc which has been given‘
a magnetic coating. The slx heads are spaced around the
periphery of the rotating'diso, and are arranged in the
" following sequence:' record head, four playback heads, erase
head. | |

| Continuous dperation therefore occurs, in whlch a
signal is carried by the rotating disc from the record head,
pasﬁ the four playback heads in suooessiop, and is finally
erased, By altering the spacing between the four playback
heads, different delay times may be obtained ranging from
foughly 25 milllseconds to about half a second. A separate
gain control in eaéh playback-channel engbles the.level of
each channel to be adJusted quite independently from that of

any“of the others.

The Ampex tape recorder was used, as before, to supply
the testing material, which was fed<to'the "Pamphonic® delay
mechanism through a low-pass filter cubting off at 4 kcs.

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 signalsvwent to
four output amplifiers and thence to four Goodmans Axiom 80
loﬁdSpeakers, mounted on 24" x 24" 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 observer. Figure 24 shows the arrangement in the

anecholic chamber, and the block diagram of figure 25 shows

_how the equipment was set up.

As before, a warble tone oscillator and Ballantime
valve voltmeter were available for'caiibration, and a Western
Electric condenser micr0phoﬁe and Brilel and Kjaer high Speed
level recorder were used togobtain the frequency response of
the whole echain of equibment‘ The microphone was hung where
the head of a seated observer would be, and the response of
each channel measured, with the low péss filter set to cut off
at 4 kilocycles. The curves of flgure 26 show the overall

‘regponse 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 millisecbnds

channel 3 - 62 milliseconds
channel 4 78 milliseconds

Placement of the speakers connected to these channels
is shown in flgure 24. The bafflés were orientated so that

the observer sat on the axis of each of the speakers.
.

-

Reference to figure 26 shows that the overall
frequency‘responéevof the equipment differed slightly from
channel to channel. These differences, due to the loud-
speakers; were not serious from the point of view of freqguenocy
response alone, but as far as intelligibility went, subsequent
teste showed that they did have a noticeable effect. It was

therefore/...
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therefore decided, since channels could no longer be changedl
round as was done in thé 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 wifh, and then apply sultable

corréctions after alluthe tests had been performed.

Preliminary‘testsfwith articulation lists brought
to light that channel 2 yiélded higher articulation scores
than channels 1 and 3 (which gave equal scores)., The higher
scores of channel 2 éorreSponded roughly to a level increase
of 1 &b, Channel 4, on the other hand, gave lower scores
than channels 1 or 3, corresponding to a level of about 1 db
lower than that of these channels. In all cases, level
~settihgs of the 4 channels were made by using a warble tone
and measuring the voltage appearing across the volce colls

of the loudspeskers,

The method uged in determining how the ear integrates
the three eohoes-will now 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
tests were therefore performed by each obserﬁer;J in every
case the third test was one ig which all the channelé were on.
The sequence in which the single channels wére presented varied
from observer to observer, since otherwise the final asgéssment‘
of the infelligibility of each 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 channéls
were identical, a common.reference level was chosen for them.,
The level taken as reference was one which was produced by
a 1 millivolt warble tone signal across the volce colls of
the loudspeakers, The warble tone used was one of 500 cycles,
. with 100 o&cles deviation at a rate of 32 per second, The
voltage across the voice coil was measured with the Ballantine

valve voltmeter.

Gain settings of the apparatus were performed as
follows: The gain ¢ontrol of the output amplifier of the
- Ampex tépe recorder was set to give a certaln reference
voltage (in point of fact, 154 millivolts) across the output
terminalsawhen the calibration signal recorded between
articulation lists was played back. Then, the warble tone
calibrétion,signal described above was fed into the Ampex
through 1ts recording amplifier, and the warble tone voltage
adjusted so that the same reference volitage appeared across
the output terminals of the Ampex as was measured when the

callbration signal recorded between lists was'played back.

Next, with the warble tone still being fed through
the Ampex tape recorder, the Ballantine valve voltmeter was
connected across the voice coll terminals of one of the
speakers. The gain control of the relevant playback amplifler
of the "Pamphonic" delay equipment was then adjusted until
the voltage appearing across the loudspeaker voice coll was of

the desired level ré 1 millivolt,

Tt 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 signal across the
speaker terminals, unless definitely stated otherwise, There-~
fore, if 1t is said, for example, that an observer attained
2 50% articulation score at e level of 10 db ré 1 millivolt,

’ 1t/u.
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it means that the 6bsérVer attained 50% articulation with the
gain of the channel &sed set to such a value, that a warble
tone oﬁtput of’l54 millivolt from the Ampex tape recorder
produced a warble tone voltage éc;oss the loudspesker volce

coll that had a level of 10 db ré 1 millivolt.

To resume, An initial test was Pgrformed with/eédh
observer, in which one tesf list was played to him through one
of the channels at levels of 5, 10, 15 and 20 db ré 1 milli-
volt, This served to condiﬁionmthe observgr tofsome extent,
and indicated more or less at which level he would score 50%..

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

Raxrt J. Two word lists were played thrpugh one of the channeis,
to the observer seated in the anechoic chamber. They were
played at a level about 6 db lower than would yield 50%
articulation, Subsequently, the level was increased by=4 db,
and the same two liste repeated. All in all, thls 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 ré the one
giving a 50% articulabion score. The observer then marked
his lists, and the scores were plotted as a functlon of level
precisely as was done in the case of the experiments with a
single echb.  The mean score attained at each 1¢val wag found,
and the bést straight line drawn through these four points,
During this whole tést, the other three channels were of course
muted., " '
Part 2 of the test was in all respects similar to part 1,

. except that anothef of the four channels was used.

Ea;&mé. 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 level about 4 db higher than that produced by

" each of the channels'individuaily; cohsequently each channel

was/ s
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was adjusted to a level about 9 or 10 b Lower than that
required for the channel to yield, in the absence of‘the other
channels, an articulafion percentage of 50%; otherwise of
course, the first 1lsts played would already have yielded very

nearly 50% when all four channels were switched on.

As has been previously stated, there was reason 1o
doubt that the four loudspeakers were identical.; IThe'four
channels were therefore, in the majority 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 by each, Their relafive levels,
taking channel 1 as reference, were therefore adjusted as
follows: channel 1: O db; channel 2 -1 ,db; channel 3
O db; and chahnel 4: + 1 db.

Three lists were then played to the observer, and
repeated at levels indreasing by 4 db with each repetltion,
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,

Parts 4 and 5, These were exact repetitions of parts 1 and 2,

except that the remaining two channels were used.

It will have been noted tha® in parts 1, 2, 4 and 5
only two lists were used at each level instead of three as in
- earller experiments. This was unfortunatel& necessary, since
otherwice a complete test would have taken too long, making 1%t
impossible to complefe it in one day. Some adcuracy was
probably lost-hereby; test 3 was, however, performed with
three lists, since the results of test 3 géve the degree of
intégration that had occurred and this one test therefore

required a higher degree of accuracy than the four others.

4.8.4./....
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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
'figﬁres used in this example, are typical of the values
obtained. The results of a certain observer (F) were as
follows: The levels at which articulation scores of 50%
were attained (read from the best straight.line drawn thfough

the polnts obtained) are:

Test 1 Channel 3: 17,7 ab
Test 2 Channel 1¢ 15,2 db ‘
. Levels refer to 1 milli-
est A1l four channels
simultaneously? . 10,8 db  volt across loudspeaker
Test 4  Channel 2% 12.6 db  voice coil.
Tegt B Channel 4: 14 .4 db

The relative levels of the four channels during test
3 weret channel 1: O db; channel 2¢ ~1 db; channel 3%

O db; channel 4% O db,

Consequently during test '3 each channel, in the
absence of alllthe others, would have given a 50% score at the
following levels! channel 3: 17.7 db; channei 1l: 15.2 db;
channei 2¢ 13,6 db; ch;nnél 4t 14,4 db. If one finds the
mean of these four levels, then fhe average level at which.one.

" channel alone would have given a 50% score is Q%*g or 15,2 db,\
But with all four channels on, the 50% level was found to be
10,8 db hence the integration of the four signals haz resulted

in a level increase of 4.4 db above the level of one channel, -

’

To determine what the differences, if any, 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, for each

observer the mean of the four 50% levels, obtained with the

four/....
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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 obsérver. This was done for 7
observers, and the mean deviation from the mean found for

each channel., [The mean deyiations for each channel were:
channel 1: O db;  channe1‘2: +1.,75 db; channel 3: 40,25 db;
channel 4: 2.0 db. |

It wae now possib;e to calculate what the increase

~in effective level would have been if the results obtained
for.a single echo of O db ré the primary sound, still applied
in the case of three echoes of slightly differing ihtensify.

In the example given above, test 3 was conducted at the
relative level settings shown. Correcting now for the
deviations of the four channels given iﬁ the previous paragraph,
the relative levels of thé four channels in test 3 now bécomef
channel 1: O db; channel 2: 40,75 db; channel 3: +0.25 db;
channel 4: -2.0 db. and the relative energies, taking channel
1 as reference becomei~ channel 1: 1.0; channel 2 1.19;

channel 3: 1,08: channel 43 0.63.

The delay times of these four channels were as follows:
channel 1! O milliseconds; channel 2: 23 milliseconds;
channel 3! 52 milliseconds; channel 4! 78 milliseconds and
from iiégggijag the fractions of the energy integrated by the
ear may be read as 1,00 1,00 0,50 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 = 0,55;— channel 4: 0.10 x 0.63 =
0.06 , glving a total of 2,78 or 4.4 db ré the mean level.

Hence, in this example, calculation based on the results
obtained with a eingle echo predicted an integration equilvalent
to a 4.4 db level increaseé, and meaéurement gave an answer of

4.4, db.
4.6-5./--" .
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4.6,5. Results: o L

The measurements and calculations described in the
previous gection were carried out for each observer, Ths

results are given in the following table which shows the

mgasured and calculated equivalent increase in level due to

integration.
Table 2
Increase in 1evel as result
Observer of integration (db)

Calc. Meas. Error (db)

4,3 2.8 1.5

3.5 3.2 0.3

dL 4.3 3.1 1.2

| 4.4 4.4 0.0

R 4.8 . 4.6 0.2

VA 3.8 3.1 - | 0.7

ap 4.3 | 4w -~ 0.4
’ ' Mean C.5 db

4,7,  Discussion of results.

T re ts _obtaine i 8] 0 db_ec ':

N As the curve of figure 19 shows, a single echo 1ls
integrated perfectly by the ear up to a delay time of about
30 milliseconds, l.e. the energy of an echo occurring hetween

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 1s 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 90 milliseconds the echo has, as far as
intelligibility is concerned, no effect at all, .This
condition remains practically unchanged from 90 to 120 milli- .
seconds, which was the longest delay time investigated,
Taking into consideration the accuracy with which the apparatus
could be set up and the deviations of the points obtained
" from a smooth curve, it is estimated that an accuracy of the
order 6f 0.7 db was attained. TWQ or three Qbservers gave
results in parts A, B or C of the test through which no
straight line could be drawn by anyone with a conscilence.
Their results were therefore not taken into account. Other-
- wlse, no special selectlon of observers occurred. Any
avallable staff membef of'the,C,S.I.R..was used, proyided he .
or she had normal hearing. Not one had had previous eXxperience

of this type of work,

4.7.2. Resultg obtained with a single =5 db echo:

Reference to figure 21 shows that the curve obtalned
with this value of echo is somewhat similar to that obtained
with the O 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 mllliseconds, less and less of the echo is integrated
and as in the cdse of the O db echo, integration.ceases at

about 90 milliseconds. From 90 milliseconds to 105 milli-
seconds (the longest delay time investigated) the'echo has no
appareht effect on the intelligibility of speech. The acocuracy
19 estimated as being the same as in the case of the O db echo;
but, 1f the results obtained with the -5 db echo are used to
evaluate the fraction of the echo that was integrated, the -

accuracy/....



42.

accuracy obtained will be rather low, since the maximum
effect the echo could have was only 1.2 db as compared to

S db in the case of the O db echo. *

4.7.3. Results obtained wlth a +5 db echo!

Figure 22 shows the results obtained; the integration
decreases fairly rapidly aé‘the delay increasés, and nowhere
is a flat portion of the curve in evidence as in the cases
of 0 db and -5 db echoes, f It would appear that the echo,
ag a result of its reater'relative intensity, glves rise to
a much greater effect of confusion than was the case for the

weaker echoes, and that as a result the integration is impaired.

At a time delay of:about 55 ﬁilliseoonds a queer
phenomenon can be obsgrvedn It appears as if the curve would
follow one'of two falrly well defined sets of points, As
there was no reason to doubt the correctness - within 0.7 db
ag before - of any of the points individually, 1t was decilded
to seek the reacon elsewhere why two whole series of points

should show such deviation.

After some oonsideration, a possible reason for this
divergence presénted itself! Because of 1ts higher intensity,
some observers apparently could concentrate on the echo rather
‘than on the primary tone when the time delay bebtween them
reached the 55 milliseconds mark. Had the ésho alone been
present, the curve obtained would of courdge 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 45 db level as the delay between primary tone
and echo is increased. As far as the dotted portion of the
curve 1s concerned, this appears to be a continuation of the

curve obtained for delay times shorter than 55 milliseconds,

The/ .. ..
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The observer convinues to‘ooncentrate on‘mnaprimary sound,

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,.
the echo begins to dominate, and the curve too, seems to
'révert to the +5 db level., - Apparently, therefore, at long
delays the ear concentratéé on the stronger signal irrespect-
ive of whéther it be primary sound or echo. In the case
where the.echo-is the stronger, the primary sound is st%till of
importance at short delays but;asjthe delay increases, a point
is reached wheré attention begins %o focus on the echo rather
than on the primary sound. Seemingly the delay time where
this occurs depends to some extent on the observér, and the
variations between observers gave rise to the double curve at

delays in excess of 55 milliseconds,

7. Results obtaine the egence of 0 . H

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 primery sound and ebho. As will
be noticed from figure 23 the points obtained show a very wide
scatter; the dotted curve represents about the. best smooth
curve that can be drawn through the points; ﬁhe solid line
showg the results obtained in the absence of masking noise,

It would appear that at the higher level, the integraticn has
been somehwat reduced, although the uncertainty of measurement
that 1s evident from the large scatter obtained makes any
definite concluslion, based on these results alone, virtually
impossible. In view of the results obtained by other'workers
at hlgher sound pressure levels, discussed in section 4.8, 1t
would appear that integration proceeds in much the same fashion
at different loudness 1evels, ranging from about 25 phons to

80 phons.
It/....
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It is suspected that the inconclusive results obtained
were caused by the manner in which the masking nolse was
introduced, As bas been previously described, the loud~
Speakef vhich was fed with random noise hung directly behind,
and slightly above, the seated observer, at a distance of
about 8 feet from his head., If this 1oudspe;ker is
considered to be a point source (a sufficlently accurate
assumption for at least the lower frequency componenis, which
have the greatest masking‘effect) “han, sincé very nearly
free-~-fleld conditions exist in the anechcic cﬁamber, the esound
power per unlt area. decreases as the.square of the distance.
Caleculation shoWs that increasing.tha distance betlween the
speaker and the head of thes obserwver frcm 3 feet to 9 feet
would, under these conditlons, result in a decrease of 1 db
‘in the level of the maskiﬁg'noise. As 1t was nearly inev-
itable that the observer would alter his position slightly
from time to time during»thevperfofmance of a test,'the
erratic résults obtained might quite possible have been due

to thils effect.

A much more satisfactory method would héva been to
use two loudspeakers to produce the masking moise, placing
them as. close to the two signal loudspeakers as praciicable.
Unfortunately, the number of chservers avallable at this

stage was not very great, and it wue decided that they could

7 .
be more profitably emplcyed in the tests with multiple echoes

described in section 4.6, In this oonnection, it may be

- explained that an observer was found to possess only a very
restriected period of usefulnéss - restricted, in fact, by

. the number of articulation lists available. It was found -
that, after having heard a particular list a few times and
corrected their results, some observers showed a regrettable

proclivity to remember some of the wo:rds. This had the

regult/. ...
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result that on hearing the test again, thelr 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 feoognized the list, and similar
factors. Erratic results were not infrequently obtained |
when 1t was attempted to re-use an observer with a retentive

memory, and this practice was therefore abandoned.

7 tg obtained wit t31 echoes:

As table 2 shows;‘the experimental results obtained
in these tests are in falr agreement with the calculations -
based on the assumption that the ear integrates mriltiple
echoes in the same way as a single echo. Nevertheless, the -~
differences between calculated and measured values show &
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 haﬁe 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
simulténeously.~ Ags has been shown, channel 2, although an
attempt had been ma&é to equalize 1t, was '8till 0,75 db higher
than channel 1. This could unfortunatzsly only e discovered
after the tests had been completed, since the mean of a number
of test results wgs required to asséés the contribution of
each channel, Thé 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-

, ' w L,
seconds; and for a 45 db echo no definive oreak Iin the curve

is/..
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is detectable and it would 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
v25 milliseconds after the primary sound due to channel 1. |
Since for a O db echo perfect integration is apparently still
obtained at a delay time of 23 milliseconds, the calculations
were performed on the assu;ption that the contribution from
channel 2 was perfectly inbegrated. In view of the fact,
later diSCOVeréd, that chaﬁnel 2 was still at a level of
+0.75 db with respect to channel 1 when the tests were carried
out, 1t seems possible that the integration orf the channel 2
signal was less than perfect, and that this might in part
account for the calculiations being a bit on the 0ptimistic..
side. Since data on the behaviour‘of a 0,75 db echo had not

been obtained, this surmise could unfortunately not be checked.

Again, tﬁe echo contributed by channel 4 was at a
level of ~1 db with respect to the primary SOund,'in those
parts of the tests where all four channels were switched‘on.
Conceivably therefbre, 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 O db ré the primary sound. This
would make but small difference to the final value of the
calculated answer, howeﬁer, since the relative contribution

of channel 4 was always insignificant.

The above surmlse, if correct, ieads to ithe un-
expected result that two echoes, both of i.evel O db ré the
primary sound, and both oceurring at a time shorter than 30
milliseconds after the primary sound, will contribute less to
the ;verall intelligibility when they coincide than when there
is some delay between them. For, if multiple echoes of O db

level ré the primary tone are indeed integrated according %o

the/....
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the same law as a single echo, the two echoes will, when not
caoincident, be perfectly integrated (provided.they both occur
within the first %0 milliseconds). When coincident, however,
they constitute in effect a single echo of level +3 db ré

the primary signal, and in the light of the foregoing dis-
cussion, an echo of this level, coming at a time of say 20
milliseconds efter the priﬁary,tone, wlll suffer less than
perfect ihtegration. It is regrettable-that the apparatus
available did not aliow investigation of the accuracy of thls
| interesting conjecture. ' ’

4.8, Gompggigog of results obtained with findings of
other workers.

8.1.  Results obtalned by other workers:

As has been briefly mentioned in the introductlon,
various workers ha%e already, by direct or indirect means,
measured certain characteristics of the ear that depend on its
integrating propertles. By and.large, these measurements
were performed with pure tones or pulses rather than with
speech as in the present case, but as the property being \
measured was the same 1in every case, a certain degree of

correlation should be present.

The tests, methods and results of a few of these.
workers will now be considered in greater detail, and an
attempt made to reiate their results to those obtained hy the
- present writer.

Békesyle) has determined the increase in loudnegs of

a pure'tone, ilmmediately after switching” on. The experimental

technique/....

16) v. Békésy, G: "Zur Theorie des Horens" ~ Physik.
Zeitschr. November 1929, p. 743.

1
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technique used by him was as follows:

A tone of 800 c.p.s. at a level of about 20 db above
threshold ¥ was presented to an observer through a palr of
headphones. This tohe waé‘oontinuously interrupted by’a
motor-driven switch to.give pulges of 800 cyéle tone that had
a durati&n-of 100 millisecpnds. By depressing a switch,vthe
observer could qwitch over' the same headphones to'an 800 eycle
test tone, the duration of%which was preset by the experimenter.
The observer then had to véry, byvmeans of a calibrated
attenuator, the intensity éf.this gsecond tone until it appeared
to him to be equal 1n loudness to the 100 milliseconds reference
pulses. ,

, The duration of the test pulses used by Békdey varied
from 4.5 milliseconds to 45 milliseconds, Figure 28 shows

his experimental results (solid line) redrawn with a linear
time scale. The curve actually shows the relation 10 1gL =

k /T, (L = intensity, k a constant and t = time elapsed since
start of pulse) but Békésy‘s experimental fesults fpllow this
law quite closely between 12 and 45 milliseccnds. (See also
Ligure 32). |

To relate Békésy'svexperimental results to those of
the'present writer, reference must be made_to Ligure 20. The
derivation of this curve, which shows the integrated fraction

of the energy contained in the echo, 1s given in sgction 4,2.2.

Now, if these results hold, not only for one single
echo, but aiso for a great number of echoes of equal intensity -
| or, put in another way, if in the 1limit the integration of the
ear lis continﬁ;us and follows the law of figure 20 - then the
- integral of figure 20 would show the build-up of the 1oudness
of a sfeady slgnal immediately after it has been switched on.

, | o Pigure 27/v...
% Actually, Békdsy gives the intensity as being "Hundertmal

starker als Horschwelle" which is taken to refer to power,
not pressure.

N
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_ Figure 24 shows the 1ntegra1 of flggre 20 in arbitrary
units, as well as in db ré an arbltrary reference, This
integral was obtained by measuring the area under the éurve of
figure 20, |

The dotted line in figure 28 is the same as the curve
of flgure 27 and it will be seen that'ﬁhe agreement with
Békésy's results is quite reasonable,

In his paper 16) Békésy states that the explosive

character of pulses of short duration causes the loudness

Judgement to be high, since the observer is inclined to

interpret the transition from "tone" to "explosion'" as in

~itself being an increase in loudness, This might to some

extent account for discrepancies below 15 milliseconds.

In his previous paper 2) Béx€sy found that the
apparent loudness increased with time and reached a maximum
at about BOO,milliseoonds. However, it is important to
realise that tﬂis was for the case of a pure tone. In the
cagse of speech, where the speech sounds have a duration of
roughly 100 milliseconds, masking of speech sounds by adjacent
ones probably occurs, and this might result in an integration
period shorter than that for pure tbnes. Tven for pure tones,
the apparent loudness attained affer 100 milliseconds is only
% db lower than thé maximum at 200 milliseconds.

Garner 4) used repetitive pulses of which the duration
and repetifion rate could be wvaried indepéndently: 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 1little difference to the shape of the

curves obtained, he performed all but his preliminary tests

with 1000 c.p.s. signhal.

Using/....
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Using random noise for masking purposes, éarner
carried out his tests at a level of about 90 db ré 0,0002
dynes/cm®,  In his paper, he gives the threshold of the
pulsqs in terms of db signal-to-noise ratio, as a function of
duration and/or repetition rate. bThese results could easily
be converted to én»equivalent'level,,since a lowering in -
threshold of, say 3 db, is equivalent to an increasé in gignal

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 relati#ely slow repetition rate, the
ihtegration frdm pulse to pulse is very little, this curve in
-effect depicts the increase in loudness as a function of time,
exactly as figure 28. Comparison with the integration curve
(figure 27) obtained by the present writer, shows (triangles in
Tigure 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 conéerned, 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 of pulses of a given repstition rate and
duratgon can be éalculated with the aid of figures 20 and 27.
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. If the first
pulse begins at f = 0, its contributioa to the apparent sound
level will be proportional to the inftegral, from t = O to
t = 10 of the curve of figure 20. The contribution of the
second pulse”will be pr0portiona1-to ﬁhe integral from ¥ = 20

to t = 30 of the curve of figure 20, and so on,

Since/...
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Since figure 27 is the integral of figure 20, these
contributions can be simply evéluatedAfrom-the curve of flgure
27, e.g. the contribution of the 4th pulse (80 to 90 milli—
Fecpnds) is proportional to the wvalue of the curve of figure
27 at 80 milliseconds, subtracted from its value at 90 miili-

seconds, Pulses occurring at a time t =90 milliseconds con-

tribute nothing at all.

| It is also clear that the effective apparent 1eVe1
obtained is dependent not only on the,spacihg between the
pulses, but also on their duration so that this method of

summation takes into account both these variables.

Garner's results, redrawn to show effective level as
a functlon of repetition rate, with pulse length as parameter,
are shown plotted in solid lines in ;iggre 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 agreemeﬁt, but also .the
~level as a function of pulse length. The only notable
exception to thls latter agreement is the case of a tone of
1 millisecond dﬁration. Tn thls cGase the effective level

measured by Garner 1s lower than indicated by the calculation.,

A point worth noting is that for repetition rates
lower than 10 tones per second (i.e. pulses épaced more than
100 milliseconds aparf) Garneris results still show integration
taking place. This integration is not very great, e.g.
increasing the repetition rate from 5 per‘sécond to iO 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 Békdsy'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)/..,.
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Munson 9) also determined the rate at which the
loudness of a pure tone increased with time, using very much
the same technique as Békésy. However, in his case the
reference tone had a duration of 1 second, and had to be.
adjusted by the observerluntil it sounded just as loud as the
first, or.test, tone the length of which was varied by the
experimenter, |

The dependence, aé méasured by Munsdn, of apparent
loudness on duration for a 1000 cycle tone at a level of 20 db
ré 0,0002 dynes/ cm® is given by the solid line curve in
figure 31. The dotted line is égain the curve obtained by
integratiné figure 20, |

As can be séen,Aﬁhe agreement is good, However;ﬁhe
results obtained by Munson at a ievel of 80 db ré 0.0002 dynes/
cm® are in‘éomplete disagreement, as shown py the dashed line
in i;gg;g_@l{x . Itlﬁiil be noted thét this curve has an
initial slope of 6 db per doubling in time, implying & pressure
rathér than an energy addition. The reason for thls discrepancy

is not clear,

4,8.2, _Discussion of resulfs of other workers in relation
to those of the present workenr:

As has been shown, the agreement obtained between the
present work and .that performed by the abovementioned three
workers, ‘ls qulte reasonable. The best agreement is with the

results obtained by Garner.

It has also been shown that the results oBtained by
Békésy, Garner and Munson are in good mutual agreement, except
those results obtained by Munson at higher levels, K These
latter results are in complete variance with those of the
other abovementiored workefs, and no convincing explanation
for thils difference caﬁ be advanced.

rThe/....

# Shown drawn with respect to an arbitrary reference level,
chosen to facilitate comparison with other curves.
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The method employed by Garner is probably the mos?®
satisfactory, since hearing threshold can be ascertained with
higher consistency and accuracy than equal loudness, Also,
as the test sighals were of much lower intensity than the
background noise, transient fatigue effects such as’might be

occasioned by loud interrupted pulses, are eliminated,

The greatest discrepancies between Békésy's results
and those of the present writer occur at the shorter delay
times, 1i.e. 10 milllseconds and lesg, It is suggested that
Béxésy's results could be in error here, for the following

three reasons:

1. In his paper 6), B&kdsy states that at levels of
20 db and higher (referred to hearing threshold) thé explosive
character of short pulégs causes the loudness Judgement to be
high, since the 6ﬁserver interprets the transition from "tone®
to "eXplésion" és'in itself being an increase in loudness, even
though the amplitﬁde be kept constant. This could partly -

account for the fact that Békésy's curve lies higher than

that of the present writer, for short durations,

2. The curve obtained by Békdsy 1s redrawn in fisure 32.
Although the presentation is difrferent to his to facililtate
compariéon with the previous curves, fhe informatidn is the
same as in the version published by ‘him.  As will be seen, the
spread of his'experimentally obtained points increases as the

durations become shorter, Thi suggests that the accuracy

obtained by him at shorter durations is probably not very high.

B Integration of the curve of Ligure 20 yilelds the curve
of.ﬁigggg~22, which shows the build-up expected of a continuous
“tone, Now, conveféely, differentiation of a curve showing the
bulld-up of a continuous tone, should yield a curve that shows,
as a functiqh of time, which fraction of:the ihoident energy

is integrated by the ear, Békésy suggests that the relation
Lll :k/.(.’-_non
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L = kVT  describes the curve (figure 32), obtained by him.

* However, on differentiation, it is found that dL/dt = 3kt 1/2.
Thig relation is plotted in figure 33 (solid line) and the
curve of figure 20 is shown for comparison, An arbitrary
value of 8 has been given to K in the above equation, As ©
becomes small, %% tends to infinity-- this suggests strongly
that the relatlon L = XK\/%_  does not hold at small values of

t. ‘
The following 1mportant conclusions may be drawn from

. the foregoing results, comparlsons and dlscussion.

(l) The integration curve of figure 20 seems to be
substantlally correct.. -

(2) This integration curve seems to apply to pure tones
of various durations, as well as to speeoh.} |

(3) The form of this integration characteristic is
apparently not markedly affected by lével in the
range 20 = 45 db ré threshold,

(4¢) The integration ocurve seems to apply to single as

well as to multiple echoes,

These conclusions are in disagreement with those
drawn by Garner that for integ;ation, the sound energy must be
continuous, and,must lle in an (unspecified) narrow band.
From the present results, as well as their correlation with
thoseof previous workers, 1t seems that the integration of a.
sound signal by thé ear depends only on thé time elapsed since
itsvinitiation and is fairly independent of 1ts spectral
composition and level, |

The results obtained oy the present writer are perhapé
" 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/.. ..
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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 ARCHITECTURAL
ACOUSTICS

5.1. General review:

. While there are many desirable and undesirable
acoustical properties pertaining to enclosed spaces such as
audiltoriums, broadcast studlos, cinemas and the like = some
of these properties being ﬁesirable 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 gufficient
repeatability to warrant its inclusion as a factor in the
assessment of the "goodness" of a hall, is the measurement

of reverberation time.lV’ 18) ‘

Although there is an optimum reverberation time for
a hall of given volume 19) (the optimum being a compromilse
between different factors, which,often conflicting, depend
also on whether speech or music or both will be heard in the
hall) the correlation betweentthe reverberation time and merit

of a hall leaves much to be desired from the designer's point

18), for example,

of view. Measurements in a_number of halls
show that while halls that are generally considered good hawve
reverberation times close to the optimum value specified by
Knudsen, the inverse does not, unfortunately, hold good. A
correct reverberation time may therefore be consldered as a
necessary, but not sufficient condition for satisfactory
acoustics,

The work of Haas, quoted in Section 1, has made 1t
posslible to employ another approach toward the solution of tﬁe

| problems/. . ..

17) Kuhl, W.: "Nachhallzelt grosser Musikstudios" - Akustische
Beihefte (2), %1954), p. 619,

18) Parkin, Scholes and Derbyshire: "The Reverberation times
of ten British Concert Halls!" - 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., While
1t 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 the"
character 6f musical sound and also determined the "definition"

20)

"balance", "blend", "fullness of tone" (Parkin mentions
about six terms of this nature which, while subjectively clear
are very difficult to define physically) design intended to
attain ﬁhese objectives frequently had to depénd on intuition
and previous experience, and final assessment of whethef the
design objective had been realised depended on opinions which,
even though volced by experienced musicians and architects,'

- could be widely divergent 20).

Bolt and Doak 11) have suggeétedAa criterion for the
transient acoustic response of rooms, based on the results of
Haas and previous work done by themselves. This criterion
relates the intenslty 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
revérbefation times a more stringent criterion than the one
proposed by Bolt and boak was required. Measurements
performed by Parkin and Scholes 21) in a theatre seem to
indicate that the Bolt and Doak criterion 1s 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 millisecbnds, than fouhd by Haaé. It can
therefore be argued that disturbance due to the presence of

the/...
20) Parkin, P.A. and others: "Acoustics of the Royal Fesﬁival
Hall' - Acustica (3), pp. 9 and 10,

' 21) Parkin and Scholes! "Recent Developments in sound reinfor-
- gement_systems" - Wireless World (57) pp. 44 - 5O
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the echo will ocecur at lower echo levels than found by him,
and this is in agreement with the findings of Muncey,
'Nickson and Dubout. Clearly, therefore, the Bolt and Doak
criterion is affected by reverberation time, and becomes

more stringent as the reverberation time 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)).A In general, sound reinforcement is
required for speechlonly, end finds its main application in
very large or poorly designed auditoriums, where the normal
energy output of the human voice 1is inadequate, although the
* speaker 1is stiil audible. Public addreés systems could aiso
profitably employ this system, which in principle conslsts of
delaying the amplifled signal to ensure 1ts afrival at the
llstener after the arrival of the direct sound. In the case
of public address systems, it could be used in conjunction

with directional loudspeakers to obviate disturbing echoes,

S.2.. . Application to sound reinforcement svstems:

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
+8 db with respect to the direct souhd, A consilderable
.increasé in intelligibility éan therefore be obtained, whiié
8%11l preserving the i1lusion that all the sound comes from
the speaker. Moreover, the direction from which the amplifiei
sound reaches the listener is not important, so that a sultable
location for the loudspeaker can usually be found. The

integration by the ear of a single echo of level O db and of
45 db with respect to the primary sound, as determined by the

present writer and shown in flgures 19 ang 22 ig useful in

this connection, as it gives an indicatlon of how the total

effrective/...
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effective level depends on the dslay tine. Especially in

the case of a 45 db echo (and presumably even more so for the
case of echoes at a higher lewvel) 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 apart from the fact that it has a much more natural
quality than thé more orthodox sound amplification systemé
without delay, 1s the fact that higher intelligibility 6f

speech can be attained than with the undelayed systems.

If we consgider the case of a listener seated at a
disfance of say, 55 feet from.the'speaker, close to a loud-
speaker of the amplifying system, the following conditlons
exist: | ‘ ;

If the microphone is close to the speaker, undelayed

_sound amplification will result in sound from the 1oudspeaker\

feaohing the observeg at a time about 50 milliseconds ahead
of the natural sound. Neglecting the effect of room
reverberation, the signal heard by the observer will consist
of a primary sound coming from the loudspeaker, and a single
echo céming from the (human) speaker.  Taking the sound

level (as measured at the position of the chbeerver) due to

the human speaker as reference (0 db) the effective levels

due to integration by the ear can be ‘found from figures 19,

21 and 22 resvectively for the cases whére the loudspeaker is
adjusted to levels (ré the natural sound) of O, -5 and +5 db,
Reference to the figures mentioned shows the effect;ve(levels

to be as follows (all with reépeét to the level of the natural

sound) :
Loudspeaker level ' Effective level
db. ' db.
-5 -1
0 - T B
+ 5 + 5.8

T™he/ .. ..
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The first case corresponds to a primary sound with-
+5 db echo, the second to primary sound plus 0 db echo, and
the third to primary sound with -5 .dbecho. Note that in
thé first case, the amplification system actually reduces
the effeotiVe*levél; As will be shown later, this effect
becomes even more pronounced when reverberation is taken into
account, |

If, on the other hand, a delay were intrbduced in the
amplification system, and adjusted to a ¥alue which would
ensure that the sound from the loudspeaker reached the observer
at a time of about 10 milliseconds after the sound from the
human speaker, radically different conditions would be obtain-
ed, 'Thelsound Tfrom the loudspeaker would now constitute the
echo, and the effective levels, again taking as reference the

sound from the human speaker, would bei

Loudspeaker level Effective level
4b 4b
- 5 | 4+ 1.2
0 . +3
4+ 5 + 5,6

- An effect which has not been considered in the above
example 1s that in the undelayed case, the sound from the
loudspeaker will appear to the obsefver to be an unwgnted
signal rather than a primary sound, since he will be concen-
trating,_auraliy as well as visualiy, on fhe human speaker.
It 1s 1ikely, therefore, that due to the subjective dig-
crimination possible wlith binaural hearing, the undelayed
amplification system will belless effectlive than appears from
the;caloulatioh. In the case of delayed sound reproductlon,
this conslderation does not apply, since in a correctly
" adjusted system all the sound appearé to come ffom'the human
speaker. | \ ‘ _

Tt will be noted that for amplified sound of higher

level than the natural sound, the delayed system appears. to.

v be/....
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be less effieient than the undelayed system. However, the
above discussion pertains to conditions existing in the |
absence of natural echoes. When the effect of reverberation |
is consldered, the great advantage of delayed sound rein-
forcement becomes clear: -

Ih the absence of any sound reinforcement whatsoever,
the primary sound reachilng thé observer consists of the direct
sound from the source. This is followed by a number of echoesg
decaying (in the ideél case) exponentially, and constituting
the reverberant sound. Now, the useful sound energy 1s
contained in the signal arriving at the observer during the
first 90 milllseconds. The direct sound and the £irst 90

millliseconds of reverberant sound therefore constitute the

useful signal, and the rest of the reverberant sound acts as
nolse. |

With conventional loudspeaker systéms, the primary
sound reachling the observer emanates from the loudspeaker.
This is followed after (for argument's sake) 30 mllliseconds
by the direct sound from the human speaker which in turn ié
followed by the echoes due to the reverberant sound. It is
agsumed that the loudspeakers are highly directional br close
to the listener, and do not add materially to the reverberant
sound, Again, the useful signal is contained in the first
90 milliseconds. In thie case, therefore, the useful sighal
is made up of the amplified sound, plus the direct sound from'
the speaker, plus only the first 60 miliiseconds 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
presgent. The remaining reverberant sound adds nothing to
the intelliglbility and acts as noise. In effect, therefore,
the usefuyl contribut £ 30 milliseconds of t erberant
sou ag been logt reverbe

cr d.
It/ ...
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If, finally, the case is.oonsidered where the amplified
signal has been delayed to occur say, 20 milliseconds after
the direct sound from the speaker has reached éhe observer,
TtThe position is ag follows: The direot sound from the human
speaker, plus the signal from the amplifying system, plus the
first 90 milliseconds of reverberant sound all contribute
‘toward the useful signal, and the reverberant sound occurring

after the firest 90 milllseconds acts as noise.

From the above discusaion it is olear that for equal
‘ loudspeaker output, the delayed system will yield higher '
intelligibility than the undelayed system, beéause a greater
fraction of the reverberant gound acts as useful signal, and
a smaller fraction of the reverberant sound acts as nolse,
This surmlse appears %o be borne out by results obtained in

.praotice.

(1) Parkin 22) reports consistently higher articulation
percentages with‘delayed speech reinforcement than with
the same system without delay. This is in agreement with

the above explanation.‘

(2) Results obtalned in the House of Assembly in Cape Town 23)

ars shown in figure 34. In these tests, the observers were
seated at a distance of about 30 feet from the speaker. Small
loudspeakers were affixed to the seats behihdAthe observers, |
and delayed or undelayed signal could be fed té these loud-
speakers, The artificial delay introduced was about 50 -
miliiseconds, The two curves sghow clearly the lmprovement

in articulation obtained with the délayed sys tem. Note also
the initlsl decrease in intelligibility that ocours with

undelayed speech reinforcement at low loudspeaker levels,

5.2. Application/....

22) Parkin, P.H. and Taylor, J.H.: "Speech reinforcement in
St. Paul's Gathedral" -~ Wireless World, Feb, 1952,
pp. 54 = 57 and Wireless World, March 1952

23) “Akoestiek van die Suid-Afrikaanse Volksraadsaal',
C.8.I.R. Report A57/48194/1 of June 1954,
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5,3, Application of experimental results to the
compubation of articulation 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
differentrpOSitions 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 effect of acoustical treatment, simply by comparing
results obtained before and after the alterations.

YA,few different types of artiéulation lists exist -
monosyllablc test lists, spondees, sentence tests and the
like., The gregatest handicap shared alike by all of them 1isg
the necesslty of employing a 1argeAnuﬁber of observers if
consistent results are to be obtained. For reliability,
Tests carried out in halls, where repeatable results are
requlred at quite a few different positions, require'ahything
from Tifty observers and upwards. In many cases, sultable
observers are not available, or not avallable in sufficlently.

large numbers. .

French and Steinberg 24) yave described a me thod by
which 1t is possible to calculate articulation percentages
from physical megsurements. In 1ts essentials, the method
consists of level measurements over twenty critical bands
each of which will, under optimum conditions, contribute an
equal amount to the overall intelligibility. By measuring
the useful signal and the nolse in each band, it is possible
to compute the percentage articulation that would be obtained

with an experienced observer.
The/....

24) French, N.R. and Steinberg, J.C.: "Factors governing the
intelligibllity of speech sounds", Journ.Acous.
Soc.Amer. Vol. 19, pp. 90 - 119, -
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The beauty of the‘method lles therein that physical
measurements suffice to yield an answer in terms of what is
really a subjective measure, and that the consistency of the
answers depends only oh the physical measurements and not_ _
- on the idiosyncracies of individual observers. Unfortunatéxm N
application of the method to bullding acoustics 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, however, that the method might be
sucecessfully employed if use were made of the integration
characteristics of the ear as found by the present writer.

The total effecetive level in éach critical band would then

be the resultant of the direct, or primary, sound and the
following echoes, The level, as a_fuhction of time, of the
primary sound and echoes will have to be measured at the spot |
forﬂwhich the percentage articulation is to be calculated.
Integration of primary sound and echoes can then be performed,
in accorance with the results described in a previous section,
to obtain the total effective signal in each band.  Sound
occurring later than 90 milliseconds after the primaryvtone
can be regarded as noise, and addéd, on a power basis, ﬁo any
other noise that may be present in that particular band,

A considerable amdunt of work still has to be done, especlally.
as far as the instrumentation side of the problem is concernsd,
before this method can be applied to architectural acoustics;
but if it is successful, it should prove quite a blg step

forward in the assesgssment of the acoustics of halls.
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APPENDIX

'GALGULATION OF OPTIMUM REVERBERATION TIME FOR
ROOMS IN WHICH INTELLIGIBILITY OF SPEECH IS
: OF PRINGIPAL INTEREST

Although reverberation time is not the fundamental
characteristic of a room that determines the intelligibility
of speech and the quality of music, it is a secondar& effect
which can be measured relatively easily and which has for a
long time been taken as a measure of the sultability 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. With these merits and in spite
of‘all thevlatest work in‘the field of architectural acoustics,
reverberation time will most probsbly be the primary factor

in the design of rooms for some time to come.

AS‘f&P as ﬁusic is concerned, the reverberation time
effects the duality of the musical tone but the subjective
results - blend, presence, definition and the like -~ are
apparently so highly divergent from person to person that
correlation with physical measurements ie extremely difficult,
The optimum reverberation timeS‘for rooms of different volumes
are therefore based mainly on Judgements of whether a-given
haell with a glven reverberation time sounds good or bad.

Parkin and others 18) found that the optimum times glven by

. Kﬁudsen and Harris 19) fall very close to those measured by
them in halls usuelly designated as "good", Recent work by
Kuhl 17) sugﬁests that the type of music rather than the hall
volume, determines the optimum reverberation time.

Gonoerning rooms designed principally for speech, the
problem is much more clear-cut. The reverbsration time should
be of such a nature that naturalness of speech is preserved
(e.g. undue discrimination against any fregquencies in the
speech frequencyISpectrum should be avoided) and its value
chosen to yield maximum intelligibility of speech.

| /v v
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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 very
long reverberation on the other - it will be seen that both
cases willl yleld low intelligibility if the halls are largse.
In the ¢ase of the hall with no reverberation, free field
conditions exist as far as speech propagation is concerned,
with the resuit,that the sound pressure level at positions

far from the speaker will be too low for satlisfactory under-
sfanding of speech, On the other hand, if the reverberation -
time is too long, intelligibility will Be impaired by delayed
echoes which act as masking noise. Apparently, therefors, a
reverberation time haying a value somewhere between these two
extfemes can be found thaf will yleld a maXimum useful signal
to noise ratio and which can therefore be considered aé.the

optimum value for that glven volume,

In the calculations which follow of optimum reverbe-
ration time as a function of volume, certain assumptions were
made, which will now be glven.

(1) The dimensions of the rooms are: length 1.5D; width
1.0D; 'height 0,5D, Consequently the volume 1s 0,75 DS and

the total surface area is 5.5 D<,

(2) The distance from observer to speaker is 1.0 D,

(3) The diffusion is perfect, and the sound decay is a
céntinuoﬁs exponential function, so that the sound pressure 1
at any given time t after cessation of signal isvgiven.by
P=pyg B~ ;%ggg where Téo is the reverberation time in
seconds, and p, the steady state sound.pressure rgached before
cessation of the signal,

(4) The reverberation time is independent of frequency.
(8) The masking properties of reverberant sound cauéed by

speech are the same as those of the random nolse used in an

experiment which will be described later.

(6) The/e...
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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 audlence is uniformly
distributed over the entire floor area, and has a density of
3.16 x 10-12 watts/om . |

(8) The steady-state level is reached very rapldly, so that
initial build—up of the level can be neglected.

(9) The integration characteristic of the ear as depicted
in figure 20 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 is given by

W= WoE ~13:8%/7.0 watts per cm?. Over the first 30 milli-

.
seconds, the useful energy is given by E 50 WO3(3'05
v

€_115 8t/T60 dst. Over the period t = 50 milliseconds to
t' = 90 milliseoonds,'the useful energy is given by |
90 0,09  _13.8% '
E = Wo | X($)E "=5~=* dt where X(t) is a function of time
50 0,03 60 ' |
given by the curve of figure 20. This part of the integration
wa.s performed graohioally The rest of the reverberant sound

occurring after 90 milliseconds was regarded as noise, the

l-é.&h—e‘-‘ dt.

o 09 160
The total energy in the reverberant sound is given by

00
BrR = Wo f ~15.8%/n. ) as,

The gound intensity at fthe position occupied by an

energy being given by the relation ENp = Wo

observer D feet from the speaker, disregarding the nolse' due

to the sudience, is Wo'...ﬁ"%vvé watts/cm® 25) que to the
reverberant sound (Ws 1s the power output of the speaker in
watts, R = %E& where § e the total surface area of the room
~in squere centimeters, and & the absorption ooeffioient).

The/
25) Beranek, L: Acoustic measurements (Wiley) p. 673.
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The paramebter R can be calculated from Tso using the Eyring

0,05 V
=8 In (l-ot) *

It is next assumed that as far as the reverberant

formula Tgp =

gound 1is concerned, the raﬁio useful power to total power is.
equal to the raﬁio useful energy to total energy, i.e.
Wu/wo = EUR/ETR where EUR = E go + E gg. "~ The useful
reverberant power is therefore found from the/previous
calculations: WuR = EUR/gp, * Wo. To find the total useful
power, the contribution from the direct sound must be added.
Thie is Wp =»£%;~;g 25)_where r = 12 x 2.54 D centimeters.
The total useful power is therefore Wy = WuR + Wp. Similarly,
the reverberant nolse power 1s Wyg = ENR/ETR x Wo watte/cm®
%o which must be added the noise due %o the audience, which
also consists of two components: The direct component, which
is 3.16 x 10"12 watts/cmz and the~reﬁerberant component given

‘ ~12 2 2

nolse is hence WNp = WyR + 3,16 x 10*12 + WaR watts/cmz.

‘ 6£é more factor must still be known to enable the
determination of optimum reverberation tilme: the signal
level required wlth a glven noise level, to obtain a .certaln
arbitrary percentage articulation. To evaluate this, an
observer in the anechoic chamber was presented with word
1ists in the presence of random noise. The signal level
required to attain a 50% articulation szore at differenf levels
of mgsking noise was foﬁnd, gnd the results are shown in
iigu;g~§§. A1l levels are given in db referred to hearing
threshold, which is assumed to be 10719 watts/cm® for the

purpose of these calculations.

Now, knowing the total noise in the hall, the curve
of figure 35 could be uged to determine the‘signal level
required for 50% articulation. By assigning various values

to Ts0 and'calcﬁlating the total userul signal and the total

noise/ ...
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noilgse for each value, the total signal and the total noise can
be plotted as a function of Téo. By plotting on the same axes
thé'signal level required for 50% articulation at each value
of Tgp, the excess of useful sigﬁal over that required for

50% articulaéion can be obtained, The value of T60 where
this _excess 1s a maX1mum, 1s then the optimum reverberatlon
time,

o An‘eXample of the ealculations carried out may
clérify matters, The speaker is assumed t'o:radiate 50 pw
under all conditions, When D a 51 feet, V = 100,000 cubic
feet and S = 14,300 square feet. ' ‘

When T6O = % second

_ ' -5
Wo (reverberant sound due to speaker) = éz§9§l9~“ watts/cm2

0,05V . 0,05 x 10°
Teo = 7§ 1n(1=or) L-e- ”1n(1“°‘) = 0.5 % 14,300

from which &« = 0.504

Thug R m Tf&~ square feet, or 15 5 x 106 square Cms,.

200 x 10°6 va
13,5 x 100

The useful _energy in‘the first 30 milliseconds 1is

‘ (0.0 1. 8t | 2

given by E Wb‘) dt = 0.0204 W, Joules/cm®.
0

4

Hence Wo = tts/cm

Useful energy in the interval 30 to 90 milliseconds

F; Og09, . . .
is given by E gg = Wo! K(t)ﬁi“l%¢%§ at = 0.0064 Wo joules/cm®.
J 0.03 .

The total energy in the reverberant sound due to the

speaker is ETR = hbhj £ i%&gt = 0.0362 Wo Joules/cm®.

The ugeful reverbergnt.energx is (0.0204 + 0,0064) Wo

0.0268 o watts/cm®,
0.0362

i.e. WuR = 10,95 x 1012 watts/om®. To this must be added
the ‘lgect sound, from-the speaker. R

50 X 1072 = 1.65 x 10712 yatts/cm®
Wp = 4WX512X122g2 548 ﬂ6 X watts/cm

. Total use a1 = 12.6 x 10712 watts/cm.

joules/cm®.  The level is therefore

Reverberant noise energy due to the speaker 1s given by

o0
WNR éoéle%t dt = 0.00302 Wo joules/cm®

. Noise/s. ..
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. . DNoise level due to speaker = EL&KE%%& Wo = 1. 24x10"12
\ 0.0362
watts/cm

ReVerber@gt nolse due to_the gudiegcg is given by

5.16x10"%x1, 50%x144x2, 54%x4  _ 3. 58x1cr12 watts/om
13, 5x106

Direct noige due to the audience is 3.l6xl0"12 watts/cm2

WAR::

. s total noise w (1.24 + 3,38 + 3. 16)10“12 watts/cen® =
m 78x10~12 watts/om®

Hence, referred to 10"16'watts/cm2 the useful signal level
is 51 db and the noise level 48,9 db.

These calculatlons were carried out for different
values of reverberation time. In the case of Tgo = 0 1t°
was assumed that only half the nolse power generated by the
audience reached the observer, the other half being absorbed
by the floor, The signal and noise levels, in db ré'10"16
watts/cmz were then plotted as a function of reverberation time
and the signal level required at each nolse level-to produce -
50% articulation was found from figure 35, 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 Tgg whére*this attained a maximunm
was taken as the optimum reverberation time.

_ The values obtained for a hall of 100,000 cubic feet
are shown in fleure 36. The optimum reverberation time 1is
seen to be about 0.6 seconds. Repeating the ¢alculations
described above for different assumed values of volume, enabled
the curve of optimum reverberation time as a function of volume
to be drawn, Ligure 37. The optimum curve due fto Knudsen 26)
is also shown. It is of interest to note that Knudsen's
curve was calculate@ from the foilowing data, all obtained

experimentally:
(1) The/n LU

26) Knudsen, V.0.}! Architectural Acoustics (Wiley) p. 594..
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(1) The decrease in percentage articulation with increase in
reverberation time, This relation'was obtained from articu-
lation tests performed in halls of approximately the same shape
and volume but different revérberation times. Correction was
made in each case to give the percentage articulation which |
would have been obtalned with an average sound level of 70 db.
From this corrected curve, the reduction factor for the
articulatlon percentage for increasing reverberation time was

computed; thls 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 acoustie output
of varlous speakers in halls of different sizes, to obtain the

relation between average speech power and hall volume.

Now, assuming a glven 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 K; of a
level of 10™9 watts/cm2 (which is regarded as ylelding maximum

articulation under optimum conditions).

The produch Kr Kj is then indicative of the articula-
. tion to be expected, and the wvalue of reverberation time for
which this product was a maximun was btaken as the optimum for

the particular volume for which the calculations were made,

‘Knudsen’s curve therefore ﬁakes no direct account of
the ambiéht.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 appreclable fraction of the total useful energy

recelved by the listener.

As will be seen from figure 36 the total nolse present
1s an important factor in the determinétion of the optimum
reverberation time, The value of the nolse due to the

audience would appear to nave been chosen rather high; but

at/....
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at the time when the caldulations were carried oﬁt, thls value
was chosen purely for convenience and the implications only
came to be realised after most of the rather laborious

arithmetic had been done, .

A%though it does not appear ags if a slightly lowsr
nolse level would affect the optimum reverberation times
calculated very much, it ils proposed to glean more accurate
information as to its wvalue from measurements in halls with

an audience present. The optimum reverberation times can

then be recalculated in the light of these results,

Another point to be noted is thaf the optimum rever-
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 résults obtained in practice that the

optimum reverberation time of a room is not very critical.

As has beén 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 absorptive surfaces are so arranged as to ensure
that the first reflectlons reach the audience within the
integration period and delayed echoes are qinimized, with the
result that the above agsumptions no loager hold. Under such
conditions it is possible that maximum speech intelligibility
will require a reverbefation time more in agreement wlth
Knudsen's results - if one can still talk of a definite

reverberation time of a hall under such circumstances.
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RESPONSE IN DECIBELS

RESPONSE IN DECIBELS
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