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THE ACOUSTIC DESIGN OF TALKS STUDIOS AND LISTENING ROOMS 

SUMMARY 

This paper gives current views on the design and construction of talks 
studios and listening rooms or control cubicles, which are considered together on 
account of their similarity with respect to acoustic behaviour. It is shown that a 
distinctive characteristic is that, because their dimensions are comparable with the 
wavelength of low-fre~uency sound, the sound field is characterised by strong simple 
standing wave patterns which cannot be eliminated without eliminating the reverberation 
itself. It is shown also that the audible effects are confined to those associated 
with simple axial modes and that, by careful adjustment of dimensions, provision of 
diffusion and the proper distribution of absorbing material, the worst faults can be 
avoided. The effects of the monaural listening chain are considered and the 
conse~uent necessity for reduced background noise and reverberation in studios as 
compared with a normal living room. 

Finally, design data for both talks studios and control or listening 
cubicles are given. 

1. INTRODUCTION 

There are over 120 B.B.C. studios used for talks, news, discussions, or 
continuity announcements. There are also about 160 acoustically treated rooms used 
for the control and monitoring of programmes, ~uality checking and similar purposes. 
All these have one common feature; they are comparatively small, with volumes between 
30 and 120 m 3 • 

There are two main differences between the acoustic behaviour of large and 
small studios. The most fundamental is that whereas the wavelength of sounds 
occurring in the lo~fre~uency end of the audible spectrum is comparable with, or even 
greater than, the dimensions of a small room, a very large studio has dimensions large 
compared with all but the very longest relevant wavelengths. Conse~uently it may be 
shown that such a small room will have clearly defined resonances characterised by 
strong standing wave patterns which are not altered in their general nature by small 
changes in the room shape, whereas such resonances are usually absent from larger 
buildings. In place of clearly defined fre~uency effects, however, large buildings 
have echoes which are characterised by their time delays and which can be influenced 
by small changes in the shapes of the walls and ceiling. 

A second difference, mainly practical but only slightly less fundamental, is 
that the reverberation times associated with large studios are generally longer than 
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those of small studios. This is partly because with surfaces of a given average 
absorption coefficient the reverberation time is proportional to the cube root of the 
volume, and partly because the optimum reverberation time for a large studio is 
generally greater than that for a small one. In a small studio the time may be so 
short that reverberation is no longer appreciable as a time-extension of the original 
sound, as it is in an orchestral studio or a concert hall, but only as an alteration 
of the frequency content, making speech, for instance, sound more "bassy" or more 
"sibilant". 

To summarise, large studios are characterised by reverberation and echoes 
with recognisable time-scales, and small ones mainly by phenomena recognisable as 
frequency effects. These differences result purely from the disparity in size, and 
small studio problems are shared by all small rooms for which good acoustics are 
required. It seems appropriate, therefore, to consider small studios and listening 
rooms together in a single paper, first dealing with their common acoustic properties 
and later describing the detailed treatment to make them suitable for their different 
uses. The term "li stening- room" will be used throughout to mean any room such as a 
quality checking room, control cubicle or control room which requires good listening 
conditions but is not used as a studio. 

2. GENERAL ACDUSTIC PROPERTIES OF SMALL ROOMS 

2.1. Formation of Simple Modes in Small Rooms 

It has been stated above that the most important characteristic of a small 
room is the fact that its dimensions lie near or within the wavelength range of low 
audible frequencies and that this gives rise to recognisable resonance effects. If 
we consider first the simplest possible type of "mode" or standing wave system, which 
is formed when plane waves are reflected between a pair of opposite walls parallel to 
each other, the lowest frequency at which a standing wave pattern will be formed is 
given by the quotient of the velocity of sound and twice the distance between the 
walls. At this frequency there will be pressure antinodes at the boundary surfaces 
and a nodal plane halfway between them. Multiples of this fundamental frequency will 
give modes with antinodal planes dividing the distance between the boundaries equally 
into two, three or more equal parts. The frequencies of these modes are given by 

( 1) 

where fn is the nth harmoni'c of the fundamental, L the relevant room dimension and c 
the velocity of sound. 

There will be room modes of this kind in all parts of the audible spectrum, 
but whether or not they will be appreciable as colourations depends on the following 
factors: 

(1) The bandwidth of the mode. 
(2) The degree of excitation of the mode. 
(3) Its separation from neighbouring strongly excited modes. 
(4) The positions of the sound source and microphone, 

with respect to standing wave systems. 
(5) The frequency content of the source. 

------~ -~----- ~--~-------
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Since the colourations lbrgely determine the sound quality from a studio or 

the goodness of a listening room, the next sections will be devoted to an examination 

of these five factors. 

2.2. Bandwidth of a Room Mode 

It is shown in the appendix that the ratio of the steady-state pressure at 

the frequency In of a room mode to that at any other frequency In ±u;/277 is given by 

the equation 

( 2) 

where r is the mean reflexion coefficient of the walls. 

Defining the bandwidth conventionally as the frequency difference between 

points on either side of the modal frequency at which the pressure has fallen to 

1//2 of its peak value, we find 

c 
Bandwidth 

where ~(r) is a function of r alone. 

_ 1 
cos 

(1+ r)4-I2(l-r)(1-r 3 ) 

12(l-r)2+2r 2 

(3) 

It is clear that the bandwidth depends only on the reflexion coefficient of 
the walls and the frequency of the fundamental mode. In a room having a reverberation 
time which is independent of frequency, therefore, all harmonics of a given mode will 
have substantially'the same numerical bandwidth. Such a room will thus have a series 
of modes of comparable bandwidth over the whole audible range, the narrowest bandwidths 
being associated with the longest room dimension. 
is about 5-10 c/s. 

A typical value for a small studio 

2.3. The Relative Importance of Axial, Tangential and Oblique Modes 

So far we have considered only simple "axial" modes formed by reflexion 
betw.een t~ parallel wall surfaces. T~ other classes are possible, those formed by 
reflexion between two pairs of surfaces, known as "tangential" modes, and those 
involving all three pairs of surfaces, known as "oblique" modes. 

The relative subjective importance of the three classes has been dealt with 
in an important paper by Mayol who calculated rates of build-up of reverberant sound 

pressure from individual images and groups of images arranged in lines and planes. 
Fig. 1 is a two-dimensional representation of the images formed by a point source in 
one corner of a room, the spacing in the t~ directions being twice the corresponding 
dimensions of the room. 

Mayo considers the way in which the sound pressure at a point in the room 
builds up when the sound source in the corner is suddenly started. Simultaneously 
with the start of the sound, all the images appear and start to radiate as point 
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Fig. I - Arrangement of images in one plane surrounding a rectangular studio, 
showi ng random refl exions from images A, B, e, D, 

linearrays 1,2,3, and plane arrays'l-, 5, 6 

sources, the sound from them reaching the room in order of their distances. Each 
image gives rise to radiating spherical wave fronts, the pressure diminishing inverse~ 
as the distance. Furthermore, there is a loss of pressure by absorption at each 
refletion, and after the nth refletion the strength of each image has been reduced in 
the ratio of ~:1, using the notation of the previous section. Cbnsideration of the 
manner in which the images are formed shows that the number of reflexions is roughly 
proportional to the distance from the source, so that the pressure amplitude in the 
room due to a particular image from which the sound is arriving at time t may be seen 
to be roughly proportional to rkt/t, where the constant k is a function of the room 
dimensions and the velocity of sound. 

Considering first the sound from the nearest few images we see that there 

is no special relationship between their distances, and the wave fronts arrive at 
random time-'spacing and in random phase. The amplitude rises quickly since the 
images are close but there is no systematic reinforcement of particular frequencies. 
Owing to the fact that the pressure decays rapidly according to the same law as that 

given in the last paragraph, the effect is very temporary and soon gives way to a 
second regime, involving groups of images arranged in rows. 

If we consider the effect of a row of images lying on a line which passes 
through the studio, we see that the further images of the series lie at distances 
which increase by equal steps, whereas this is not the case with the earliest images. 
If these equal steps are mUltiples of the wavelength, the contributions of the 
separate images will be in phase and reinforce each other strongly, points in the 
room lying nearest to the image line attaining the highest pressures. 

The characteristic image-row frequencies are given by the formula 

(4) 

where~ a, /3, '1, are the dimensions of the room and ni' n 2, and n 3 can be any whole 

numbers or zero. 
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Like the random images, however, the decay rate is a product of rkt and the 

inverse of the time. After an initial high amplitude, therefore, the pressure due to 
these image-row systems collapses quickly and they contribute little to the long term 
reverberation. 

Finally, we have the development of the true room modes whi ch are formed by 
the propagation of approximate plane waves from sets of images arranged in planes. 
To understand the way in which these modes build up, we remember that each image 
constitutes a point source of sound from which spherical waves are propagated. If we 
consider the wavefront coming from a whole array of images lying in one plane, we see 
that at a short distance from the plane the wave front consists of a set of partial 
spheres intersecting at their edges. As we go further away from the image plane, 
these spherical surfaces approach nearer and nearer to planes until at a great 
distance they coalesce to form a single plane wavefront. The distance, and hence 
the time, before this process can be regarded as effective is shown by Mayo to be much 
greater than that for the establishment of image-row frequencies. 

However, since the wavefronts are plane and do not diverge, there is no 
inverse-distance attenuation, and the rate of decay depends only on the reflexion 
coefficients of the walls. Once established, therefore, these true room modes take a 
long time to die away, and constitute the main reverberant energy in the room. 

The frequencies corresponding to these modes are determined by the distance 
between the adjacent planes of images, and are represented by the formula 

(5) 

By reference to Fig. 1 it will be seen that the plaaes with the greatest numbers of 
images will be those running parallel to the walls of the room. The modes to which 
they give rise are usually described as "axial" and since only one dimension of the 
room is involved, two of the nOs in the equation (5) are zero and it reduces to the 
simpler form of equation (1). Similarly, the tangential modes have one zero n and 
obli que modes no zero n ,. s. 

The individual contributions of the higher harmonics of the simple modes are 
weak, and those of the high~frequency fundamentals (which are necessarily tangential 
or oblique) are quite negligible because the images are widely spaced from each other 
wi thin the plane. 

We can now see the way in which the reverberant sound pressure will rise and 
decay during and after the utterance of a single syllable of speech or note of music. 
At first there will be the reinforcement of the direct sound by randomly spaced 
reflexions reaching a high initial amplitude but decaying sharply after the end of 
the syllable. The effect will be greatly dependent on the positions of the source 
and mi crophone. Next, the image-row frequencies will appear, with high steady 
intensity but a rapid decay. The true modes will meanwhile be building up slowly, 
acquiring only moderate intensity, but decaying 'slowly enough to provide the bulk of 
the audible reverberation. 

The relative importance of the two series, having regard to their build-up 
and decay times and their maximum intensi ties, depends on the mean reflexion co ef f i-
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cients of the walls. For the case of a typical small studio with a mean absorption 
coefficient of about 0°3, calculation shows that no frequency is likely to become 
prominent unless it is common to both image-row and image-plane systems, giving a 

~ high early intensity and a long decay. Thi s condition is sati sfied only by the axi al 
modes which are therefore the only ones likely to become individually significant. 
An exception to this rule is that a few tangential or oblique modes of low frequency 
may possibly be audible, owing to their high initial intensities or wide spacings. 

The analysis of a room is therefore considerably simplified ~ince the 
frequencies of the axial modes form three simple arithmetic series. Calculation of 
the tangential and oblique modal frequencies is much more laborious since their total 
number increases roughly as the cube of the frequency. This is illustrated by the 
following table, calculated for an experimental talks studio of typical si ze. 

TABLE 1 

Numbers of Axial, Tangential and Oblique Modes of a Typical Talks Studio 

Frequency 
Axial Tangential Oblique Total 

Limi t s (cl s) 

0-50 2 0 0 2 
50-lOO 3 6 1 10 

100-150 4 11 7 22 
150-2:)0 3 19 16 38 

2:)0-250 3 19 29 51 
250-300 4 3J 51 85 
300-350 2 34 69 105 
350-400 3 46 98 147 

2.4. General Conditions for Audibility of Room Modes 

Having now established that the axial modes alone are likely to have 
sufficient amplitude and duration, we can now examine the other conditions for their 
audibility. A mode is heard as a coLouration if there is a noticeable tendency for 
reinforcement at the modal frequency or for sound of neighbouring frequencies to rise 
or fall in pitch towards that of the mode during the decay time. These processes 
will be expected to occur if there are, in the frequency region considered, strongly 
excited modes separated by a frequency interval great in comparison with their 
bandwidths. Now, it has been shown above that the axial modes form three series with 
uniform spacing throughout the audible frequency range and that t~e bandwidths are 
likely to be about the same for all members of a series. Therefore, we might expect 
the modes to be equally audible in all parts of the voice-frequency range; in fact, 
the region of audibility is restricted for other reasons. The most important of 
these is the presence of tangential and oblique modes, which, though virtually absent 
at frequencies for which the wavelength is comparable with the room dimensions, are 
far more numerous than the axial modes in the majority of the voice-frequency range. 
These non-axial modes, though not individually significant, dissipate an appreciable 
fraction of the sound energy, and reduce the intensity of the axial modes to such an 
extent that they are no longer prominent. 
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This was clearly brought out by some experiments on artificial reverbers. 
tion 2 in which sound was prolonged by being repeatedly made to traverse a long tube. 
As the reverberation obtained from such a system exhibited strong resonances, the 
effect of having three tubes of different lengths to represent the three dimensions of 
a room was tried. This was exactly equivalent to a room having complete series of 
axial modes but no no~axial ones, and it was found that the results were very little 
better than those from a single tube, strongly excited modes being audible up to quite 
high frequencies. 

The conclusion is, clearly, that the higher the frequency of a mode the less 
likely is it to be individually audible. For a good talks studio, modes above about 
300 cls are seldom distinguishable; in living rooms without properly designed 
acoustic treatment, the limit is usually higher but not usually more than 1000 c/s. 

The above considerations, applying to the room as a whole, enable one to 
predict which modes are potentially audible. The two remaining factors listed in 
Section 2.1 must, however, be considered, since they affect the actual excitation of 
the modes. The position of the speaker or other source of sound in the room will 
affect the audibility since a mode is most vigorously energised by a high impedance 
source at a pressure antinode but not by a source at a node. Thus, all modes will be 
equally excited by a source at a corner but for most other positions there will be many 
modes which are only weakly excited. The expression "at a corner" implies here that 
the source is less than a quarter wavelength from the corner for sound of the highest 
frequency, a condition which cannot be realised in practice. A good alternative 
position, which ensures approximately equal excitation of all modes, is one-third of 
the way along a diagonal from one corner of the room to the corner furthest away from 
it. The same remarks apply reciprocally to the position of the microphone used in a 
broadcasting studio. 

Lastly we must consider the energy spectrum of speech. The maximum energy 
as shown in Fig. 2 is in the neighbourhood of 300-400 c/s. .A more important feature, 
however, is the distribution of the fundamental and formant frequencies, which are 
considered in Section 3 below. 

3. OOLOURATIONS 

3~1. General Characteristics 

The characteristic low-frequency colourations which take the form of an 
unnatural and often monotonous emphasis of certain frequencies in the speaker's voice, 
are to most listeners the most objectionable features of broadcast speech originating 
in a small studio, and much effort has been directed towards their elimination by 
acoustic design and treatment. 

In general a room will have many potential colouration frequencies, deter
mined, as shown above, by the existence of prominent isolated modes. Only a few of 
these will actually be strongly excited by speech, however, owing to the fact that 
speech in its lower frequency region is composed of a limited number of distinct 
pi tches, the voice fundamentals and overtones. These vary from vowel to vowel, with 
changes in the inflexion of the voice and with the individual speaker. 
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Fig. 2 - Energy distribution in male speech. Ordinate shows speech power 
integrated over whole sphere which is exceeded during I per cent of the whole time 

(Measured in one-eighth-second intervals) 
Derived from data by Dunn and White 23 and Dunn and Farnsworth 24 

Purely subjective methods of assessing colourations will, therefore, tend to 
find a smaller number than objective methods, which should, if sufficient representa
tive positions in the studio are examined, show all the modal frequencies of a type 
capable of giving identifiable colourations, including those of frequencies not 
strongly excited by the human voice. 

3.2. Subjective Tests for Colourations 

The method used by the B.B.C. Research Department is to listen to several 
people speaking in turn at a microphone in the studio, the voices being reproduced in 
another room by means of a high-quality loudspeaker. The presence of anyover
emphasised frequencies is noted, and estimates made of the frequency and severity of 
each one. A most successful instrumental aid is a selective amplifier which is 
arranged to amplify a narrow frequency band to a level about 25 dB above the rest of 
the spectrum. The output is fed in small proportions in parallel with the original 
signal to the loudspeaker, the proportion being adjusted until it is barely perceptible 
as a contribution to the whole output. Any colourations can then be heard clearly 
when the selective amplifier is tuned to the appropriate frequency. 

This process is carried out as a routine when testing talks studios to 
determine the frequencies of the most obvious colourations. In general not more than 
one or two obvious colourations are found in a studio and it is of interest to see how 
these are usually distributed. 

Fig. 3 shows an analysis of 61 colourations observed in talks studios during 
a period of about two years, using male speech as the programme material. The 
horizontal scale is divided into frequency bands 10 cls wide and the vertical scale 
shows the numbers of results falling into those bands. To avoid giving undue 
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Fig. 3 - Frequency distribution of observed colourations in studios (61 observations) 

significance to a chance larger number of results in a single column, each ordinate 
represents the running average with the two on either side of it. It is clear that 
most colourations fall into the range 100-175 cls and that there is a subsidiary 
maximum at about 250 c/s. There is insufficient information on women's voices to 
plot a similar histogram, but they almost invariably show the strongest colourations 
between 200 and 300 c/s. Obvious colourations below 80 cls are very rare, and those 
above 300 cls become decreasingly prominent, partly because of the diminution of 
speech energy and partly because of the increasing numbers of non-axial modes sharing 
the total energy above this frequency. 

The experimental distributions shown in Fig. 3 should be compared with the 
known spectrum of the voice. Peterson and Barney 3 have measured the fundamental and 
vowel formant frequencies for men, women and children. They found that on the 
average, men produced fundamental frequencies ranging from 124 cls to 141 c/s 
according to the vowel, but that there were large individual variations from this 
range, the standard deviation being of the order of ± 25 c/s. Women, on the other 
hand produced average fundamental frequencies ranging from 210 to 235 cls accord ing 
to the vowel. The first formants of male speech start at 270 cls and those of female 
speeeh at 310 cls, again with variations of a similar order according to the individual. 
These figures compared with the test results of Fig. 3 suggest very strongly that the 
majority of audible colourations in studios are those directly excited by either 
fundamental or first formant frequencies in the speaker's voice. 

3.3. Instrumental Detection of Potential Colourations 

A detailed objective study of the progressive changes in the decay curve of 
sound in a studio as the frequency is varied, was made possible by the development in 
1950 by the B.B.C. Research Department4 of a logarithmic amplifier with a logarithmic 
law over a 60 dB range. 

This equipment produces a signal proportional to the logarithm of the sound 
pressure amplitude, which is then displayed against a single sweep timebase on a 

11 ,! 
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cathode-ray oscilloscope. It enables successive traces with slowly rising tone 
frequency to be photographed side by side on a moving film, producing continuous 
formations of curves which can be to a large extent interpreted in terms of room 
modes, mechanical resonances·or other features. A description of this method, known 
as the "pulsed glide" with some of the preliminary results, was given by Somerville 
and Gilford. 5 

In the neighbourhood of the frequency of a prominent mode the room behaves 
exactly as a simple resonant system such as a tuned electrical circuit, sound dying 
away smoothly according to an exponential law which appears on the logarithmic 
display as a straight line. The same behaviour wili be observed at an adjacent mode, 
but, at frequencies between, both modes will be excited in opposite phases, and beats 
will appear on the decay curve which may represent fluctuations of 40 dB or more if 
the two modes are excited to a similar extent. An example of the region between two 
such modes is shown in Fig. 4. If more than two modes are simultaneously excited, 
the best pattern will become more complex. Where there are many modes, as in a large 
studio, or a small studio at high frequencies, the fluctuations from the exponential 
law become virtually random. 

The unfluctuating straight line displays separated by regions with clearly 
defined beats are unmistakable indications of strong room modes. Even small rooms 
show only a small number of such formations, however, out of the hundreds of modes 
which exist. This verifies the conclusion reached above that most room modes have 
little individual effect. 

Another characteristic formation is caused by the presence in the room of 
a mechanically resonant object, such as undamped wall panelling or a metal radiator 
or lampshade. Such objects are usually forced slowly into oscillation because of 
high inertia and never become important sources of radiation. However, after the 
exciting sound has ceased, the vibrations die away more slowly than the room modes, 
becoming the chief sour-ce of sound for the latter part of the audible decay. Fig. 5 
is an example of a pulsed glide display showing this phenomenon. 

~r 
UJ so g: d& 

~t 
o 
<f) 

&EATlNG DECAV 

MODE FREQUENCIES 
(STRAIGHT DECAVs) 

Fig. Il - "Pulsed gl ide" display, showing two adjacent modes with beats 
on intervening decays 

To make a clear-cut distinction between these two types of display would be 
misleading, because wall resonances can give displays similar to those of room mod-es' 
and conversely an isolated room mode which has very low damping can show a second 
slope late in the decay curve. 

Experience with these methods over the last six or seven years has shown 
that, provided reasonable precautions are taken to eliminate structural resonance s , 
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Fig. 5 - "Pulsed glide" display, showing mechanical resonances 
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colourations are almost always associated with room modes. A defect of the pulsed 
glide method is that the appearance of the display depends greatly on the position of 
the microphone, and, to assess a room completely, it is therefore necessary to r-epeat 
the glide at several different microphone positions, deducing the importance of the 
several features by an inspection of all the displays. A development of the method 
was therefore tried in which the pressure amplitude display was replaced by one 
showing the scalar product of the sound pressure and the oscillator signal which 
produced it. A full account of this test and the results obtained with it was given 
in a recent B.B.C. Engineering Monograph. 6 The displays, of which Fig. 6 is an 
example, show characteristic tluctuations the number of which represents the change of 
frequency undergone by the sound in its transformation into reverberant energy at a 
modal frequency. Since the recognisable features of the displays are mainly 
determined by the frequency information, they are largely independent of the amplitude 
and consequently are less sensitive to the degree of excitation of a particular mode 
at each microphone position. It is also probable that the audibility of a colouration 
is partly connected with the changes of pitch of programme material of neighbouring 
frequencies, and hence that the test corresponds closely to sensation. It gives 
rather more reliable predictions of colourations than the simple amplitude display, 
and is able to resolve neighbouring modes only a few cycles apart. Owing to practical 
difficulties, however, the method has been used more as a laboratory technique than a 
routine test. 

Fig. 6 - Part of coherent glide, showing strong mode at (b). Frequency markers 
are shown on the top margin and the horizontal displacement of each trace from 

zero (approximately at its intersection with the top margin) represents 
the scalar product of the input tone and output microphone signals 

3.4. Design Precautions for the Avoidance of Colourations 

Having now reviewed the influence of mechanical resonances and of room modes 
of different types and frequences, we are in a position to decide on the correct 
design procedure. Taking structural resonances first, little need be said except 
that structural and lining materials having high ~-factors should be avoided. The 

'I 
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materials with which effects of this sort have most frequently been associated in the 
past are plaster on expanded metal lath, plywood, breeze block, and plasterboard with 
an unsupported back surface. 

The problem of room modes is fundamentally more difficult, because they 
cannot be eliminated or indefinitely reduced without at the same time eliminating all 
or most of the reverberant sound. There are objections to this, as will be explained 
below, and we are, therefore, faced with the more difficult problem of making the 
unavoidable modes less conspicuous. 

Attention must first be given to the dimensions of the room. A simple 
calculation using equation (1) enables a list of all the axial modes for all three 
dimensions to be written down in order of frequency. It will be unnecessary to 
continue the list beyond, say, 350 c/s because, as plready noted, the axial modes in a 
well-designed talks studio will not be prominent above that frequency. The list is 
next examined to find modes, or groups of modes with almost the same frequency, which 
are separated from their nearest neighbours on either side by intervals appreciably 
larger than their bandwidths. In practice the minimum separation for audibility 
appears to be about 20 cl s. 

Modes or groups separated from their neighbours by greater intervals than 
this should be noted, and if they fall in the frequency ranges likely to be excited by 
voice fundamentals and formants, attempts should be made to alter the groupings by 
changes in the proposed room dimensions. It is impossible not to have some isolated 
groups within the list, but it is usually possible to avoid very bad examples. 

Reducing the reverberation time of the room at a particular frequency 
increases the bandwidth of the modes and reduces their excitation. The application 
of selective absorption at the frequency of remaining isolated groups would therefore 
be a possible method of controlling them; this has been tried in the past, sometimes 
with success, but a limit is set to the application of such methods by the fact that 
very selective absorbers such as may be required have themselves long decay times and 
a tendency to re-radiate absorbed sound. 

However, it is often useful to apply a sel ecti ve ab sorber on the wall s 
perpendicular to the longest dimension of the room because for a given absorption 
coefficient the axial modes for this dimension will have the smallest bandwidth and 
will therefore be most likely to be audible. 

3.5. Distribution of Absorption Coefficient between the Boundaries 

So far no account has been taken of the influence of difference in absorption 
coefficient between one pair of walls and another. In Section 2 above, it was 
assumed throughout that all the surfaces had approximately equal average absorption 
coefficients, and the calculations of the relative importance of the different types 
of mode were based on this assumption. 

If, however, all the absorbers are concentrated on two pairs of parallel 
surfaces, and the third pair is substantially reflecting, strong axial modes will be 
formed between the latter, all other modes of the room being suppressed. The 
listener will then hear only one harmonic series of modes which will remain separate 
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and distinct up to very high frequencies. These conditions give rise to the well
known phenomenon of flutter echo, any time function of the pressure at a source being 
reproduced periodically with a time interval determined by the distance between the 
two surfaces in question. It should be emphasised that this can occur only when one 
pair of surfaces is very much more reflecting than the other two. It is an effect of 
relative, rather than absolute reflexion coefficient and does not occur, for instance, 
in a tiled reverberation room where all the surfaces are highly reflecting. The most 
familiar example is that of the space between· two high walls. 

If two pairs of surfaces in a room are highly reflecting and the third pair 
absorbent, there will be two harmonic series of axial, some tangential but no oblique 
modes. The audible modes will extend to considerably higher frequencies than in the 
case of a uniform room, but the highest frequency modes will be indistinguishable and 
there will be no flutter echo formation. Instead, impulsive sounds will excite a 
series of clear musical rings up to frequencies of the order of 1000 c/s. 

These conclusions on the behaviour of non-uniform rooms were verified by 
experiments during the course of the construction of some studios in Portland Place, 
London. By successive addition of absorbing material it was established that 
flutters and rings were likely to be noticeable features of the acoustics of any room 
if the ratio between the mean absorption coefficients of any two pairs of walls was 
greater than about 1'4; 10 In designing studios of small or moderate dimensions this 
ratio should not in any circumstances be exceeded at any frequency, and the aim should 
be for ratios nearer to unity with slightly higher mean coefficients for the pair of 
walls with the greatest separation. The reason for this reservation was given in 
Section 3040 

4. DIFFUSION 

4010 Introduction 

Much has been written on the influence of diffusion on the acoustics of 
studios. A sound field is said to be diffuse if at any moment the intensity of the 
sound is uniform over the whole volume and if at any point the energy flow is the same 
in all directions. The implications are that there are no predominant standing wave 
systems and that no one position can be distinguished from another. This is an 
unattainable ideal but a sound field may approach more or less closely to it, being 
said to have a greater or less degree of diffusion. The degree of diffusion may be 
measured by measuring the statistical variation of certain acoustic properties with 
position, direction, frequency pr time. The most satisfactory test, from recent 
experience, is to examine the departure of typical decay curves from a generally 
straight course. Fig. 7 shows two sets of decay curves, Fig. 7(a) being from a room 
with a fairly diffuse sound field and Fig. 7(b) from one in which the average damping 
for modes in one direction was much greater than that for the other direction. In 
the latter case, the most highly damped modes vanished first, leaving the less damped 
modes to determine the slope of the later part of the decay. 

Many authors have laid down rules for the improvement of studio acoustics 
by increasing the degree of diffusion. It is usual in many organisations to avoid 
parallel walls, to introduce irregularities in the wall surfaces and to distribute 
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Fig. 7- Decay curves from diffuse Md non-diffuse rooms. Each curve 
represents a di fferent frequency in the rMge ISO to 250 cl s 

(a) Diffuse room. Slopes of curves are substantially constant 
during the decays 

(b) Non-di ffuse room. Slopes diminish as the decay proceeds 

the absorbing materials as a series of irregular areas over the walls and ceiling. 
The subjective evidence for the advantages of any or all these measures has for the 
most part been inconclusive, almost all justification having been by reference to 
theoretical considerations or the results of purely instrumental measurements on the 
acoustic properties of the rodms in question. 

We will, therefore, review the evidence in favour of these measures, re
membering that the final justification must always be by an agreed improvement in 
quality. 

4.2. The Effect of Wall Angle 

A common method of increasing diffusion is to build the opposite pairs of 
walls a few degrees out of the parallel. This is usually said to eliminate flutter 
echoes, but in practice does not do so entirely. It has been reported that a room 
with non-parallel walls gives a more regular frequency characteristic than a 
rectangular one. Nimura and Shibiyama7 have measured the frequency irregularity8 in 
model rooms of which the shapes could be varied. This quantity is a measure of the 
extent to which the steady state level in the room due to a source of constant 
strength fluctuates with frequency. They conclude that non-parallel walls reduce the 
irregularity below a frequency of about 200 cis, the maximum effect being produced by 
an angle of 5 deg. between opposite walls. Schroder9 has shown theoretically and 
experimentally that the frequency irregularity is directly proportional to the 
reverberation time, and that therefore changes which affect the reverberation time 
will also affect the irregularity. Now, the absorption coefficient of a surface to 
grazing incidence sound is generally half that to normally incident sound. This is 
explalned by the author in connection with resonant absorbers. 10 Non-parallel walls 
will thus tend to improve the efficiency with which the absorbers act, reducing the 
reverberation time and hence the irregularity. 
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It must be borne in mind also that the models used for these experiments had 
uniform flat walls, whereas this is not normally the case in a studio. It therefore 
remains to be seen whether the results are valid under practical conditions. 

Full-scale experiments were carried out by the B.B.C. in the early part of 
this decade, to find out whether differences of wall angle alone were subjectively 
significant. An experimental studio was built in which the angles of two of the walls 
could be varied up to a maximum of 6 deg. Recordings of male and female speech made 
in parallel and non-parallel configurations were then compared by panels of experienced 
listeners, but there was found to be no concordant preference for one condition or the 
other. 

It should be remarked here that the wall surfaces were treated by irregular 
patches of absorbers to give the desired reverberation/frequency characteristic. The 
conditions were therefore not those of uniform wall surfaces always assumed by those 
working on the theoretical and experimental evaluation of wall angles. It will be 
appreci ated that a full-scale experiment avoiding this divergence from "ideal" 
conditions would present great difficulties. 

We will therefore consider now the effects of the perturbation of the 
individual wall surfaces and the subdivision of absorbing materials as a means of 
increasing the degree of diffusion in a room, and hence of ameliorating the effects of 
strong modes of speech quality. 

4.3. The Effect of Wall Irregularities 

The first work published since the war was that of Somerville and Ward 11 who 
showed by means of small-scale models that the perturbation of walls by projections 
had a measurable effect on the diffusion for sound of wavelengths less than about one 
seventh of the height of the projections. Rectangular prisms were found to be more 
effective than triangular prisms or hemicylinders of the, same volume, and this result 
was also demonstrated theoretically by Head. 12 

The conclusions were at variance with current oplnlon at the time that 
cylindrical diffusers were the most efficient. Mayer and Bohn,13 for example, found 
that in free-field conditions, hemicylinders produced the greatest scattering effect 
on pl~e waves, but free-field results are not necessarily valid in relation to the 
standing wave field in a room. The work of So mervi lIe and Ward was later confirmed 
experimentally by Bruel 14 and experience in concert halls and large music studios 
tends to lead to the same conclusions. 15 

However, although in large spaces such as these the breaking up of wall 
surfaces by projections is both effective and necessary, there are disadvantages when 
applied to small studios, since the projections must be bulky to be effective. The 
wavelength at the commonest colouration frequency (see Fig. 3) is about 2! m and to 
have a worthwhile effect the depth of the projections would have to be appreciably 
greater than one seventh of this amount, let us say 50 cm. Not only would such 
projections be highly inconvenient in a small studio, but the relatively deep recesses 
formed between them would possess their own resonances, a phenomenon often observed 
with similar accidental features in rooms. 
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Thus, the shallow, irregular, polycylindrical diffusers so often used in 
studios abroad can hardly be expected to have any effect at all on the most serious 
bass colourations, though they may have other subjective effects associated with 
higher frequencies. A few attempts to establish such an effect by subjective tests 
have been made. 

Jeffress, Lane and Seay16 used two rooms with identical dimensions, one 
having plane walls and the other polycylindrical. Both were devoid of added absorbing 
material and both had identical reverberation characteristics. In spite of the 
difference in wall configuration, however, comparable word intelligibility tests gave 
substantially equal mean results of 75"4 and 73"9 respectively. 

Within the last few months, a comparison of speech quality between flat and 
coffered walls has been made in two studios in the B.BoC. 's new centre in Bush House, 
London. These two studios were designed with the intention of making such a direct 
comparison possible, and they were therefore arranged to be identical in dimension, 
structure, reverberation time and the distribution of the absorbing materials. The 
reverberation characteristics of the two are within 0"05 second of each other at all 
frequencies. The results of several series of listening tests showed that the 
audible difference between them was very small, and actually less than the variation 
with microphone position in either studio. 

4040 The Effect of the Irregular Distribution of Absorbing Materials 

The other known method of introducing diffusion by scattering is to make the 
surfaces non-uniform with respect to absorption coefficient, the necessary absorbers 
being distributed in comparatively small areas. The diffraction effects at the edges 
of these areas cause the sound to be scattered over a wide angle, thus breaking up the 
standing wave patterns. The absorbers are normally much shallower than the diffusers 
described above, and therefore less wasteful of room space. It has been stated, 
however, that this method is less effective than altering the surface shape 1

? and the 
B.B.C. Research Department has therefore undertaken an investigation of the relative 
effectiveness of the two methods, using full-scale experiments. 

These experiments were conducted in a tiled reverberation room of 90 m3 

volume, and confined to frequencies above 500 c/s for which diffusers of reasonable 
depth would be adequate and room modes not isolated. The criterion for the diffusion 
was taken as the apparent absorption of an area of absorber entirely covering one wall 
of the room. With non-scattering walls, the absorption coefficient measured by the 
reverberation method is low because the decay curves obtained are dominated in the 
later stages by the modes which avoid incidence at near--normal angles on the absorber. 

One wall of a reverberation room was covered entirely with an absorbing 
material and the total absorption was calculated from measurements of the reverberation 
time. This was repeated with the same material distributed as five patches on 
different room surfaces. The latter condition gave a result about 75% higher than 
when the whole material was on one surface. The whole experiment was repeated, first 
with twelve stout wooden boxes hung on the walls, and then with the boxes replaced 
with patches of efficient absorbing material of equal total area. In both cases the 
addition of the diffusing elements, whether boxes or absorbers, had very little 
effect on the absorption of the distributed absorber but increased that of the single 
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wall arrangement to a figure comparable with that given by the distributed material. 
The conclusion from these experiments was that, by the criterion adopted, rectangular 
irregularities and patches of absorber of similar size were equally effective as 
diffusers within their specific frequency ranges of action. Since irregularities 
must be comparable with a quarter-wavelength in depth to be effective, and there is no 
such limitation on membrane or Helmholtz low-frequency absorbers, it is clear that 
the latter are preferable when low-frequency diffusion is required in small studios. 

Summari sing the conclusions of this section, it appears that in small 
studios no advantage is to be gained from the use of non-parallel walls or diffusing 
projections, provided that the simpler and more convenient expedient is followed of 
distributing the absorbers in small areas over as many surfaces as possible. 

5. WHAT MAKES NATURAL SPEECH? 

5.1. The Monaural Chain 

Up to the present we have been concerned almost exclusively with the 
standing wave systems in small rooms and with the colourations which arise from them. 
There are, however, other matters of which we must take account in the quest for good 
speech quality. The basic problem in broadcasting under existing conditions is that 
there is only one channel between the studio and the listener, whereas we are 
accustomed to hear speech and music by means of two ears which together supply us with 
information about th& direction and position of the source. 

When listening directly with two ears we are provided with an automatic 
mechanism for partially rejecting sound other than that coming from the direction of 
the source to which we are listening. This is an evolutionary facility possessed by 
all the higher animal s; when it i s inhibited by having only one channel of information, 
we are conscious of the reverberant sound and extraneous noise to such an extent that 
speech loses its intenigibility and music its definition unless steps are taken to 
increase the ratio of direct to reverberant sound. 

5.2. Reverberation Time 

The subjective balance between the direct sound and the "unwanted" sound 
made up of reverberation and extraneous noise may be restored most easily by reducing 
both the latter components. The reduction of extraneous noise is a matter of 
providing effective sound insulation for the studio and giving attention to the noise 
generated by ventilation systems and other sources inside the room. 

The reverberant sound is reduced simply by the application of sound absorbers. 
A certain amount of low-frequency absorption is provided by the compliance of the room 
structure itself, sound energy being dissipated by frictional losses as the walls, 
floor and ceiling vibrate. Unfortunately, if good sound insulation is required 
it is most easily obtained by building massive walls of low compliance, and in these 
circumstances there is no gratuitous absorption, such as is derived from the floors, 
ceilings and windows of ordinary houses. 

It is, therefore, necessary to add considerable extra absorption to reduce 
the reverberation time to a point where speech by the monaural listening chain has the 
intimacy of conversation in a well-furnished room. 
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One important effect of reverberation should be noted here. If the studio 
is very non~reverberant or "dead l1

, the resulting speech comes from the listener'·s 
loudspeaker substantially unchanged by any added reflexions from the studio walls. 
It is then modified by the reverberation in the listener's own room in exactly the 
same way as the voice of an occupant and the illusion of actual presence is created. 
Conversely, reverberation added in the studio will be recognisable as foreign to the 
room and will give the illusion that the loudspeaker is a hole in the wall communica
ting with another room where the broadcaster is sitting. Different individuals have 
defini te preferences for one or other of these conditions, and, in the author's own 
experience, most of those engaged in the engineering or production aspects of broad~ 
casting in this country prefer the illusion of presence. It should be remarked, 
however, that continental broadcasting organisations seem to prefer a very much more 
reverberant sound. 

Whether the individual's preference could be correlated with his general 
psychological make-up is an interesting speculation outside the competence of an 
engineer. The broadcaster himself will, however, disagree with the implications of 
the majority choice, because to speak in a very dead studio is unpleasant, sapping the 
confidence of all but the most experienced news reader and compelling the speaker to 
raise his voice in an effort to obtain the reassurance given by the reflexions which 
would reinforce the voice in other circumstances. 

The type of microphone is important in this connection. An omni~directional 
microphone,such as a moving coil or piezoelectric instrument, increases the ratio of 
reverberant sound to direct, thus requiring a deader studio and increasing the strain 
on the broadcaster. Ribbon microphones with a "figure-of-eight" characteri stic are 
rather better since they reject part of the reverberant sound, and the directional 
characteristics may be used to discriminate against the strongest modes. Normally, 
where the diffusion in the studio is fairly good, aribbon microphone placed diagonally 
across the room is usually found to be best since it reduces axial modes from the two 
horizontal directions by about 3 dB with respect to the rest whilst discriminating 
also against up and down modes. 

5.3. Shape of the Reverberation Characteristic 

~ 

The quality of speech is critically dependent on the shape of the reverbera-
tion time-frequency characteristic. Past experience and controlled experiments have 
combined to show that the reverberation time should be independent of frequency from 
60 cls to 8 kc/s. Deviations from a level characteristic are easy to recognize; 
excess of low-frequency reverberation produces "boominess" and distinct colourations, 
while excess in the region 250 cls to 500 cls is most unpleasant, giving a throaty, 
strangled, quality to speech. A long reverberation time above 2000 cls produces 
sibilance or "breathiness". A slightly drooping characteristic below 500 cls is 
perhaps ideal, giving the most natural speech quality. 

5.4. Microphone Correction Circuits 

It is a common device to include in the microphone circuit a filter to give 
slight bass attenuation. This is usually carried out by trial until acceptable 
speech free from "boominess" is obtained. Correction may be required in some cases 
to compensate for a rise in the reverberation time below, say, 100 cls but there is 
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another reason. Most people listen to broadcast speech at a higher level than that 
of the broadcaster's voice in the studio or of a friend speaking to them in person. 
Somerville and Brownless 18 found that members of the public preferred to listen at an 
average level of 71 dB above the standard reference level of 10° 16 watts/cm 2

, whereas 
the typical level of conversational speech is about 60-65 dB. A well-known property 
of the ear 19 is that the equal loudness contours plotted against frequency approach 
each other closely at low frequencies. Speech will therefore sound bass-heavy if it 
is reproduced at an unnaturally high level. A bass cut of 3 dB at 50 cls relative to 
250 cls would be of the right order to correct for the difference between average 
listening levels for broadcast speech and live conversation, but greater amounts are 
to be deprecated since they give a distorted and unnatural quality to speech, and 
particularly to male voices. 

5.5. Influence of the Listening Room 

The listener's own room has an influence on the transmitted speech since it 
adds colourations and other effects of reverberation in the same way as the studio. 
However, although any additions from this cause are reduced by the binaural rejection 
mechanism and assume relatively less importance, they are an impediment to critical 
listening and will therefore be considered in the last section. 

6. THE DESIGN OF TALKS STUDIOS 

6.1. Factors for Consideration in Design 

In this section the design data for all the factors which have to be 
considered will be enumerated, quoting the figures which have been found to represent 
the best and most economical design. In the first place, the permissible background 
noise must be established, and with it recommendations for the sound insulation 
required to protect the studio from various types of neighbouring noisy location. 
The requirements for protection from impulsive noises such as footsteps must be 
considered and from other structure-borne noise such as that from loudspeakers in 
control rooms and other technical areas. Lastly, the criteria for satisfactory 
acoustics will be given. 

6.2. Background Noise Level 

The permissible background noise level in studios has been determined in 
the past from the opinions of skilled listeners on studios of which the existing 
loudness levels are known in objective terms. It has been implicitly assumed that 
the disturbance caused by a background noise is a function of its loudness only. 
This is not strictly correct, since it is known that sounds carrying an "information 
content ll such as traffic noise, footsteps or music, are more disturbing than a 
completely random noise, such as that from a ventilation system, of equal loudness but 
with no recognisable pitches or rhythm. With these reservations in mind it is 
nevertheless true that a loudness measurement gives a first approximation, and enables 
limits to be specified for known classes of noise. 

The loudness sensation of a complex noise is determined by a summation 
process in the brain which takes less account of very low and high frequencies than of 
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the middle register, the maximum contribution being made in the 1000 cls to rooo cls 
region. This summation can be imitated objectively by dividing the given sound 
spectrum into octave bands by means of band-pass filters, measuring the intensity of 
each band, weighting these octave components according to their mean frequency, and 
adding. The method of Mintz and Tyzzer 20 is used by the B.B.C. as being the most 
recent solution based on bands of random noise. For approximate purposes, sound 
level meters exist, equipped with weighting networks to perform this attenuation, 
which indicate the total power in the weighted signal. Meters of this type are 
useful for comparing similar sounds such as those from ventilation systems, and have 
been used to provide a basis for acceptance tests. The present specified ventilation 
noise limits are given in Table 2 below. The figures given by the two methods of 
summation differ, but represent very similar annoyance values for average disturbing 
sounds. 

Drama 
Talks 

Studio 

Television Interview 

TABLE 2 

Permissible Background Noise in Studios 

Mintz and Tyzzer Summation 

34 dE* 
38 dB 
42 dB 

R.M.S. meter with 
40 dB weighting 

network 

less than ro dE 
rodE 
35 dE 

It is important to fix these limits as accurately as possible since it may 
be exceedingly expensive to obtain even a slight reduction of background noise. For 
instance, to silence ventilation noise by 3 dB may require a large reduction in the 
air speed and consequently the use of larger ducts. A reduction of 6 dB in noise 
from extraneous sources can be obtained only by doubling the thickness of the walls 
or by an equivalent increase in sound insulation obtained by other means. The 
present design limits, depending as they do on assumptions which are not universally 
valid and on rather approximate methods 6f-summation, are not fully satisfactory and a 
series of subjective tests has been started to determine the "disturbance" content 
of different parts of the spectrum and to devise more satisfactory methods of summation. 

6.3. Sound Insulation 

The necessity of good sound insulation for the reduction of background noise 
has been mentioned. For protection against noises such as road traffic, aircraft, 
or neighbouring industrial premises, the extent of sound insulation required must be 
decided ad hoc from the results of sound level measurements. It is possible, 
however, to lay down definite recommendations for sound insulation between studios, 
control rooms, and other areas devoted entirely to broadcasting, and some of these are 
given in Table 3 below. 

*Throughout this report noise levels are expressed in decibels (dB), ref'erred to a 
R,J(.S,8ound pressure Of' 0-0002 dynes per 0.2_ 



21 

One additional consequence of poor sound insulation must be taken into 
consideration. Wherever there is a control cubicle with a monitoring loudspeaker 
reproducing the microphone signal from an adjacent studio, there is a possibility of 
positive feedback at certain frequencies from the loudspeaker to the microphone. If 
the sound transmission loss through the partition wall at any such frequency is less 
than the gain provided by the amplifiers in the forward path from the microphone to 
the loudspeaker, instability will result, taking the form of "howl-round" similar to 
that often heard with wrongly-adjusted public address systems. Since the sound 
insulation of all partitions is poorest at low frequencies, the improved bass output 
of recently introduced monitoring loudspeakers has drawn increased attention to this 
problem. The recommendations for insulation between studios and their control 
cubicles, given in Table 3, take account of the possibility of howl-round with 
present loudspeakers and those likely to be introduced in the foreseeable future. 

TABLE 3 

Transmission Loss (T.L.) Required Between Adjacent Areas 

Sound Transmission Path 

Talks studio to cubicle 
Between two talks studios 
Talks studio from music* studio 

T.L. at 50 cls 

28 dB 
32 dB 
55 dB 

Mean T.L. 100 to 3000 cia 

47 dB 
51 dB 
70 dB 

The freedom from disturbance by footsteps and other structure-borne sounds 
is measured by a so-called "tapping machine II which delivers repeated blows of known 
momentum to the floor where the noise will be generated. The constants of the 
machine have been fixed by provisional international agreement and the limiting 
noise level found to be permissible in the studio with this machine operating is 
56 dB (Hintz and Tyzzer summation). 

6.4. Size and Shape of Studios 

The dimensions of a talks studio should be large enough to give reasonably 
close spacing to the axial modes. Volumes from 1500 ft S (43 mS ) to 4000 ft S (114 mS ) 

are generally satisfactory, bad colourations being difficult to avoid in studios below 
this range, and larger studios giving insufficient advantage to justify the increased 
expense of construction and treatment. 

It is doubtful whether any of the preferred ratios between the dimensions, 
which have from time to time been published, can be upheld. Certainly the once
popular 5:3:2 ratios will normally give at least one isolated group within the worst 
frequency range. Neither can one depend on proposed ratios based on a consideration 
of modal frequency-spacing statistics 21 since the presence of a single isolated group 
which may not greatly affect the mean frequency spacing will give a serious colour a
tion. The only way which has had any success, in the author's experience, is to 
work out the axial mode frequencies for a set of trial dimensions, as described in 
Section 3.4, and to adjust the dimensions until a sati sfactory mode sp acing is achieved. 
Tests of these several theories were made in an experimental studio in th e B. B • C. 

*StUdiO with symphony orchestra Or variety band 
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Research Department in which one of the walls, constructed on heavily reinforced 
clinker block, could be moved perpendicularly to its plane to give various dimension 
ratios predicted by various theories as "good" or "bad". The results confirmed 
substantially the over~riding importance of isolated axial modes, but failed to show 
any difference between configurations with high or low values of the frequency
spacing statistic. 

The shape of the studio may be rectangular, or the walls may be splayed at 
angles up to a few degrees if the shape of the site renders this more convenient. 
There is insufficient evidence for a dogmatic view about these questions, and one 
cannot altogether rule out completely non-rectangular shapes such as triangular or 
pentagonal prisms, which have been used by other organisations. There have been 
suggestions, however, that by their unfamiliarity in ordinary homes, such shapes impart 
a somewhat unnatural quality to speech. 
shown in Section 4.4, unnecessary. 

6.5. Reverberation Time 

Irregularities in the wall shapes are, as 

The reasons for the choice of reverberation time have been dealt with in 
Section 5.2. B.B.C. experience has shown a time of about 0"3 sec to be the optim~ 
with a possible slight reduction below 300 cis. The additional bass absorption 
required to give this reduction is difficult to achieve without making full use of 
structural absorption from the walls, floor and ceiling of the studio. Extra 
absorption is obtained by the use of resonant membrane absorbers consisting of sheets 
of bituminous roofing felt sealing an air space 10

• Helmholtz resonator absorbers 
have also been used since they have the advantage that they can be tuned to the 
required frequency and adjusted for bandwidth and maximum absorption by the addition 
of resistive materials in the necks 22

• Fig. 8 shows a Helmholtz absorber with a slot 
opening, installed in Studio L. 1, Broadcasting House, London. 

Continental talks studios, as pointed out also in Section 5.2, tend to be 
more reverberant, and times up to 0"5 sec or even more are encountered. 

6.6. Application of Absorbing Materials 

The aim, as described in Section 3.5, is to distribute the low, middle and 
high frequency absorbers equally on each of the pairs of parallel wall surfaces, 
except that low frequency absorbers should be slightly in excess on the end walls, 
i.e., those separated by the longest distance. On the individual surfaces there 
should be patches of efficient absorber surrounded by areas of poor absorber, such as 
hard plaster. The absorbers should be arranged on the individual pairs in such a 
manner that there are no large areas of reflecting surface directly facing each other, 
since these will give rise to flutters. Fig. 9 shows a typical arrangement of 
absorbers on two adjacent walls of a studio. 

The effectiveness of any absorber depends markedly on the position which it 
occupies in the room. Calculation of the reverberation characteristic of a small 
room is therefore never very precise, and provision must be made for adjustment of the 
absorbers after completion of the studio. It is the usual practice in the B.B.C., 
therefore, to construct all absorbers wherever possible with detachable covers which 
can be removed for alteration, replacement or removal of the contents. The cover 
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Fig. 8 - View in studio, showing slot resonators at X 

itself may act as a filter or the inductive element of a Helmholtz resonator, in which 
case it is made of a perforated board. Alternatively, it may be of fabric. Perfora
ted covers tend to limit the performance of the absorber at high frequencies, thereby 
producing excessive sibilance, while fabrics soon become dirty and may shrink while 
being cleaned so that they cannot be refitted. This disadvantage has been overcome 
in recent B.B.C. design in which the fabric is stretched over a detachable frame 
arranged to accommodate surplus fabric to compensate for shrinkage. 
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Fig. 9 - Talks studio showing irregular disposition of absorbers 
on walls, floor and ceil ing 

7. THE DESIGN OF (x)NTROL CUBICLES AND OTHER LISTENING ROOMS 

7.1. Design Principles 

It has been said above that from the point of view of acoustic faults and 
the methods of overcoming them, listening rooms may be treated in the same way as 
small studios. Their different function, however, imposes differences in design 
which will be briefly considered in this last section. 

7.2. Background Noise in Listening Rooms 

The relative importance of the various interfering noises in a control or 
listening cubicle, differs from that in a studio by reason of the different purpose. 
In general, no background noise audible on the programme is permissible in a studio, 
and noises conveying information are less tolerable than random noise of the same 
loudness. In the case of a cubicle, background noise is permissible so long as it 
does not hamper the operator in his work. Using his binaural hearing, he can 
distinguish recognisable noises, such as traffic, entering the cubicle directly from 
those coming from the loudspeaker and thus the protection from noises of this type 
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need not be so complete. Intermittent levels of 40 dB on an R.M.S. meter (48 dB by 
Mintz and Tyzzer summation) have been found to be tolerable. On the other hand, 
continuous noises such as hums and random noise from ventilation systems are often 
much harder to locate and, moreover, they may mask similar noise on the programme. 
For such noises, therefore, it is necessary to impose limits just as stringent as 
those prescribed above for talks studios. 

7.S. Resemblance to Living Room Conditions 

Unlike electronic and electro-acoustic equipment for which one can set an 
ideal input-output characteristic towards which both broadcasting organisations and 
their listeners can strive, a domestic living room must be accepted very much as it 
exists. Control cubicle and quality monitoring room acoustics should, therefore, not 
be very dissimilar from the average conditions encountered in private houses. A few 
years ago an acoustic survey of living rooms was carried out, embracing various types 
of construction from Georgian houses in Pimlico, to post-war maisonnettes with solid 
floors in the suburbs. Fig. 10 shows the mean reverberation characteristic for all 
the rooms surveyed. There was surprisingly little variation in the results for 
conventionally furnished rooms, though the reverberation times of rooms with joist 
floors averaged about 0'05 sec less than those of the immediate post-war houses 
with solid floors built directly on to concrete foundations. Listening tests with 
recordings of speech from several studios played into the rooms showed that most of 
them allowed the characteristics of speech from the different studios to be distin
guished, but some of the rooms introduced very severe colourations which entirely 
masked other effects. It was decided to adopt the mean curve of Fig. 10 as a pattern 
for listening rooms, pending the completion of subjective tests on the effects of 
listening room acoustics on the judgment of speech quality. 
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Fig. 10 - Mean reverberation characteristic of 16 living rooms 

7.4. The Effects of Listening Room Acoustics on Judgment of Quality 

The fact that the listening room does not have a predominant effect on 
quality is very largely due to the binaural mechanism. This is particularly true of 
rooms used for listening to music programmes since, objectively speaking, the standing 
wave effects in the room can accentuate particular notes by as much as 8 to 10 dB 
relative to their neighbours. Fig. 11 shows two pulsed glides obtained by radiating 
the test tone into a studio, transmitting it by the studio microphone and the listening 
room loudspeaker and photographing the resulting decay curves as received by a 
microphone in the listener's position. The two glides were obtained in the same 
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Fig. 11 - Combined pulsed glide of studio and listening room 

(a) Normal talks studio and I istening room 
(b) Non-reverberant room and I istening room 

The general similarity between these two glides suggests 
that the listening room is the over-riding factor 

listening room but 11( a) was from an anechoic sound measurement room and 11(b) from a 
normally treated talks studio. It will be seen that the glides are sufficiently 
similar to suggest that it was the listening room which had the principal effect on 
the overall acoustics. 

Accordingly, as it was common experience, verified by the living room tests 
described above, that studio differences were nevertheless distinguishable, subjective 
tests were undertaken to find out to what extent the binaural mechanism enabled one to 
reject the cubicle acoustics. 25 

Recordings from six studios were played in four different listening rooms 
to panels of engineers. The test programme consisted of short passages read partly 
from one of the six studios and partly from another, and the subjects were required 
to state a preference for one part of the passage or the other. Each studio was 
compared with every other in this way, making fifteen paired comparisons in all. 
Statistical analysis of the answers enabled the following data to be obtained: 

(1) The average order of preference of the six studios. 
(2) Differences in the rank order produced by using different listening rooms. 
(3) The self-consistency of the individual subjects. 
(4) The effect of the listening room on self-consistency. 

The results showed that an over-reverberant listening room, while not 
altering the order of average preference, greatly increased the inconsistency of the 
subject I s answers. A room with a long reverberation time in the bass favoured a 



studio with a heavy bass cut, while a very dead room favoured a studio with long bass 
reverberation, presumably because a listener sitting approximately on the axis of the 
loudspeaker, the usual position for critical listening, received an excess of high 
frequency sound. 

The greatest reverberation time which can be permitted without an adverse 
effect on either the order of preference or the consistency of judgment was approxi
mately 0"4 sec and it is to be noted that the average curve of Fig. 10 does not rise 
far above this value. 

As the result of these investigations, all control and listening rooms are 
now designed to have reverberation times of 0·4 sec up to 1000 cls, falling steadily 
above this frequency to 0"3 sec at 8000 c/s. 

It goes without saying that the same care must be exercised to avoid serious 
colourations in listening rooms as is necessary in the case of studios. 

8. OONCLUSIONS 

The acoustic design criteria for small studios and listening rooms are given 
in the last two sections of this paper. The primary requirement is to avoid the 
occurrence of axial modes separated by frequency intervals large compared with their 
bandwidths. SUch isolated modes are generally audible as colourations if they occur 
in the neighbourhood of the fundamental and forroant frequencies of speech. It is 
impossible to eliminate them entirely from small rooms without reducing reverberation 
to an undesirable extent, but they can be ameliorated by correct design. 

Flutters and rings at higher frequencies are usually due to marked 
differences in the absorption coefficients between one pair of opposite boundary 
surfaces and the other two pairs. 

Good diffusion of the sound field is accepted as necessary, and this is best 
achieved by arranging the absorbing materials in irregular patches on the individual 
surfaces. The addition of "diffusers" as commonly understood is then unnecessary. 

In the case of listening rooms and control cubicles, the binaural listening 
condit~ons allow a longer reverberation time than in studios, though excessive 
reverberation makes critical listening more difficult. 
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APPENDIX 

THE BANDWIDTH OF AN AXIAL rooM MODE 

The multiple reflexions between two parallel walls which combine to produce 
the standing wave patterns associated with a simple axial mode may be regarded as 
being derived from a plane source of sound very close to one of the walls and its 
images in both walls. 

Fig. 12 represents the two parallel plane walls AB and CD at a distance l 
from each other, Qo is the plane source of sound, very close to AB and Q~ its image 
in AB which will be coincident with Qo in the case of a perfectly hard wall. Q1 is 
the image of the resultant of Qo and Qb in CD, Q2 the image of Q1 in AB and so on. 
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Fi g. 12 - Formation of simple axi al room mode 

If the Q s represent the pressure amplitudes of the source and images, and 
1'" is the mean reflexion coefficient of the two walls, we have: 

Let the time function of the source be: 

where Re[j(t)] represents the real part of jet), 6)/2rr the frequency, and t the time 
after an arbitrary epoch. 

The images are arranged in pairs with respect to their distances from AB, 
the pressure contributions arriving simultaneously from Q 2n and Q2 n- 1 at a time 2nl/ c 
after that from the source. 



The resultant pressure on AB is thus seen to be: 

QRe [ei6lt + ~ro (r2n- 1 + r 2n )ei6l (t.2nZ/C) 1 
n= 1 

By putting t = 0 the pressure amplitude, p, may be seen to be: 

P Qlr Re [ ~: (r+ 1) .r2n e-2niZ6I/C] 

= Q(r+1)/r.Re [n~ro ... 2n e-2niZW/C]_Qlr 

n=0 

This is a geometric series with ratio r2 e- 2iru/ c , and its sum is: 

Rationalising and removing the imaginary part of this expression, 

Q 
(l-r) [1+ {cos(2wL/c)}r + r2] 

1- 21'2 cos(2wLlc) + r 4 
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(6) 

(7) 

To determine the bandwidth, we must find the values of W for which P is 

1/12 of its maximum value. 

By inspection of equation (7), it is seen that P has a maximum where 
cos(2wLlc) = 1, i.e. is an integral multiple of elL. 

Here 

For any other value of p, say Pm ax/K we have: 

Pmax 
K =--= 

Whence cos'2W Lie 

1- 2r cos(2wLlc) + r 4 

(1+ r)4-K(1-r) (1-r 3 ) 

Kr(1-r]2+ 2r 2 

From equation (1) Section 2.1, (e/2L) = f1' the fundamental modal frequency, 

Hence, the bandwidth, which is the frequency difference between points on 
either side of a maximum of P at which K = fi, is given by: 

For a typical case, let us put f1 = 55 cls and r = 0 0 85. 
then approximately 5 c/s. 
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The bandwidth is 


