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THE DEVELOPMENT OF HIGH-QU.ALITY MONITORING LOUDSPEAKERS~ 

A REVIEW OF PROGRESS 

SUMMARY 

Loudspeakers used for monitoring purposes in broadcasting and recording 
studios are designed to give the nearest practicable approach to realistic reproduction. 
The report discusses the various criteria which can be applied to the performance of 
such loudspeakers, together with the relationship between the measured free-field 
characteristics and the response as sUbjectively assessed in the working environment. 

While the degree of realism achieved in sound reproduction can only be 
judged aurally, even subjective assessments can be misleading unless carried out under 
controlled conditions and with clearly defined terms of reference; the precautions 
necessary in such tests are discussed. 

Some of the less obvious design considerations are reviewed and illustrated 
by examples. 

1. INTRODUCTION 

1.1. Functions of a Monitoring Loudspeaker 

Broadcasting and recording organisations employ loudspeakers to enable the 
studio staff to assess the aesthetic merits of the programme and to adjust the balance 
to achieve the desired effects. Loudspeakers are also required at various points in 
the programme distribution chain to enable engineers to check that the transmission is 
free from technical defects such as audible distortion or excessive background noise. 

It is usual to select for these monitoring operations loudspeakers having 
the highest practicable standard of performance, however, as this policy is sometimes 
called in question, it will be well at the outset to make clear the reasons for it. 
It has been suggested from time to time that monitoring should be carried out with 
loudspeakers of mediocre technical quality, such as are used by the majority of the 
public, the implications being (a) that in matters of balance the programme material 
ought to be modified to offset the shortcomings of these loudspeakers, and (b) that 
technical defects which are apparent only with high-grade reproducing equipment, and 
are therefore likely to pass unnoticed by the majority of the listening public, ought 
to be ignored. In fact, the various low-grade sound reproducers, while having 
certain features in common, differ so much among themselves that attempts to compensate 
for the characteristics of one type by modification of the studio balance lead to 
unnecessarily poor reproduction with other types. Moreover, it is undesirable that 



2 

the existence of technical faults should become apparent to even aminority of listeners 
while remaining unobserved by the operating staff. Finally, if progress in the 
science of sound transmission is to continue, it is necessary that the technical 
equipment concerned in originating the programme should have a higher standard of 
performance than the equipment employed in reproducing it, since the former can be 
replaced only at long intervals while the latter is more frequently renewed and can 
more easily be kept up to date. 

For these reasons it has always been the policy of the Corporation to choose 
for moni toring purposes loudspeakers which are as free as possible from avoidable 

defects. There must be, however, a limi t to the degree of elaboration to which it is 
proper to go, for example, considerations of si3e and cost rule out some of the more 
extravagant technical arrangements. In practice, a monitoring loudspeaker is designed 
to represent the best product of its kind whi ch could be used by a member of the 
listening public! the cost being in most cases comparable with that of the high
quality radio-receiving and record-reproducing equipment required to do justice to it. 

1.2. Scope of Report 

.Although a considerable literature on various aspects of loudspeaker design 
exists, there has been little fundamental di scussion of the requirements to be met 
by the finished article. It seems appropri ate, therefore, in reviewing the develop
ment of loudspeakers, to deal first with the various performance criteria, subjective 
as well a.s objective, which have from time to time been proposed. In the latter part 

of the report, various means of meeting present-day requirements are also discussed. 
It is emphasised, however, that at present no clea~cut solution is possible, and the 
examples cited are intended solely to illustrate some modern trends of development and 
to show the limi tations, as well as the possibili ties, of particular lines of approach. 

2. CRITERIA OF LOUDSPEAKER PERFORMANCE 

2.1. Terms of Reference 

It is assumed that the ideal to be aimed a.t in the design of a sound re
prodUCing system is realism, i.e. that the listener should be able to imagine himself 
to be in the presence of the original source of sound. There is, of course, scope 
for legi timate experiment in the processing of the reproduced signals in an endeavour 
to improve on nature, however, realism, or as near an approach to it as may be 
possible, ought surely to be regarded as the normal condition and avoidable departures 
from this state, while justified upon occasion, should not be allowed to become a 
pennanent feature of the system. 

It does not appear to be generally appreci ated that complete realism in 
reproduction by a single loudspeaker* is not possible, even in theory. To achieve 

this the sound reaching the observer's ears from every direction and at every instant 
w:mld have to be equal to that which would reach them (a) if the original source of 
sound were brought into the listening room or (b) if the listener were in the studio. 
10lhile condition (a) might conceivably be produced if the geometry of the loudspeaker 

* Stereophonic or pseudo= stereophonic systems are exoluded trom. this discussion., 
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bore some relation to that of the original sound source, condition (b), which is the 
one required for the majority of programme items, is fundamentally impossible of 
achievement, if only because of the arbitrary characteristics imposed on the system by 
the acoustics of the listening room. The characteristics of a loudspeaker required 
to give the nearest approach, from an observer's point of view, to the impossible 
ideal depend upon subjective factors and cannot be prescribed from first principles. 
The best that the designer can do is to be guided by the judgment of observers who 
have opportunity to compare the original and reproduced soun~s. 

2.2. Difficulties of Objective Assessment 

Since the product of loudspeaker reproduction cannot be objectively defined, 
all that can be done is to specify those characteristics of the vibrating and radi ating 
system which are thought to be relevant to the final result. Few of these charac
teristics can be varied independently of the others, while some of them cannot be 
accurately reproduced in nominally identical specimens. As a result, deductions 
regarding the influence of the various factors on the subjective end-product are often 
very uncertain, and any advance in making meaningful measurements is a slow process of 
trial and error. The position could be improved by more frequent publication of 
experimental results by those able to produce significant data, so that a body of 
experience could be built up. A greater degree of standardization in methods of 
measuring and expressing the performance of loudspeakers is, however, desirable, in 
this connection, attention may be drawn to the British Standard 1 of 1954, in the 
preparation of which Research Department was actively involved. 

The significance of the various measurable characteristics will now be 
discussed. 

2.3. Effects of Environment and Directional Characteristics 

For the purpose of this discussion the term "loudspeaker" includes the 
complete radiating system, comprising one or more vibrating diaphragms and some form 
of baffle or enclosure. It is a three-dimensional device which is invariably small 
compared with the longest wavelength of sound to be radiated and large compared with 
the smallest. Its directional properties therefore vary widely with frequency; 
i. e. its frequency response varies widely with the direction of radiation. In general, 
loudspeakers are used indoors, so that much of the sound reaching the listener arrives 
indirectly, after having been radiated in various directions and reflected from the 
boundaries of the room, being further modified in the process through the variation of 
reflection coefficient with frequency. By some process not fully understood, the 
listener is able without conscious effort to integrate all the resulting stimuli into 
a single impression. It is clear, therefore, that any attempt to predict from the 
free-field characteristics of a loudspeaker the frequency response as it appears to 
the listener must take into account the radiation in various directions. For simple 
cases, where the relationship between the frequency characteristics for various angles 
of radiation is fixed, empirical rules, based on subjective assessment, have been 
formulated. Thus, McMillan and West 2 adopted the mean spherical response as a 
criterion; they described a loudspeaker, having a 7 in. diameter cone, in which the 
mean spherical response* was held constant with frequency by making the axial frequency 

* The term "mean spherical response w in acoustics relates to the total acoustic power output 

from a sound SOurce and Is analogous to the term. "lI.ean spherical candle poyer" used in optics,. 
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characteristic rise by about 2{ dB per octave. This principle is not, however, 
universally applicable, and experience with loudspeakers covering frequencies up to 
10 kc/s or above suggests that, if a single quantity representing "effective" response 
is to be found at all, it will lie somewhere between the a~ial and mean spherical 
response. Such a quantity could be obtained by carrying out a modified spherical 
integration at each of a number of frequencies, taking zones concentric with the 
loudspeaker axis, and applying some weighting function which would give the front 
response more prominence, The measurement could be economically undertaken by using 
the normal equipment for tracing directivity patterns with the addition of a suitable 
signal-integrating device. 3 

Deduction of the effective frequency response of a loudspeaker from its 
free-space characteristics usually involves the tacit assumptions that complete 
diffusion of sound energy exists, and that the reaction of the reflected sound upon 
the loudspeaker, as manifested by changes in the acoustic impedance presented to the 
latter, may be neglected. These assumptions become invalid at wavelengths comparable 
with the dimensions of the room, where these dimensions are small, the sound level 
below 100 c/s is difficult to predict, and it may be desirable to adjust the low
frequency characteristics of the loudspeaker to suit local conditions. It should 
als 0 be pointed out that most monitoring loudspeakers are required to operate ina 
variety of positions, so that devices such as corner horns, which can only function at 
particular places in the room, are 1ID.sui t able for general us e. 

So far, the question of directional characteristics has been considered only 
in relation to the apparent frequency response of the loudspeaker/room combination. 
However, the final result as assessed by the listener also includes the apparent size 
and position of the sound source, this attribute of a loudspeaker cannot be directly 
specified, but is likewise a function of the directivity pattern. Single-cone 
loudspeakers of conventional construction become increasingly directional with in
creasing frequency, and in rooms of average reverberation time give the impression of 
a clearly localized small source of sound. Less directional loudspeakers produce 
more reverberant s01ID.d in the listening room and give a more spacious effect; and 
with a nearly omnidirectional system the source appears to be distributed over a wide 
area. It by no means follows, however, that omnidirectional radiation at all fre
quencies represents the ideal conditione From subjective experiments with loud
speakers of widely differing directional characteristics, Kaufmann 4 recently concluded 
that the preferred form of polar distribution was that of the original source of 
sound. Kaufmann's experiments are open to some criticism on the grounds that the 
loudspeakers concerned differed in other respects than in their directional properties, 
his general conclusions are, however, not inconsistent with Research Department 
experience. Further subjective studies are now required to decide on the best 
compromise for all purposes. 

2.4. Significance of Broad Trends in Response 

2.4.1. General 

Because of the irregular nature of loudspeaker frequency characteristics, 
which commonly exhibit local fluctuations of ± 5 dB or more about the mean, the 
effects of smaller deviations in the broad trend of the response, such as would be 
considered significant in other parts of the transmission chain, are often underrated. 
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Changes of ± 2 dB or less in the general trend or in the relative level of cert ain 
critical frequency bands can be detected in whatever part of the transmission chain 
they occur; for example, two frequency characteristics, each within ±2 dB of unifor
mity but one increasing slowly and the. other decreasing slowly throughout the range, 
give distinctly different subjective effects. It is therefore convenient to consider 
the broad trends in the response of the system, averaged over a series of frequency 
bands by the use of wide-range warble tones or bands of noise; in dealing with 
derived quantities such as the mid-band sensitivity or the mean spherical response, 
such an approach may in any case be necessary on practical grounds. For instrumental 
reasons, the accuracy with which the details of a frequency/response curve can be 
delineated is often little better than ±2 dB. However, many of the errors to wh ich 
this type of measurement is subject are absent for a noise-band test, in which results 
can usually be repeated to better than; dB; such tests are of practical value for 
routine maintenance, since valid comparisons between loudspeakers of the same type can 
be made in a "live" room. 

2.4.2. Significance of Specific Frequency Bands 

Experience with loudspeakers of known characteristics 5 , supplemented by 
experiments on raising or lowering the response in specific regions by means of band
pass or band-stop circuits, enables the subjective effect of an excess or deficiency 
to be predicted. Many of the conclusions to be drawn from such experience are too 
well known to require recapitulation; two, however, are worth mentioning because of 
their bearing on design. 

If a progressive decline in response 
with increasing frequency is followed by an 
increase, giving the type of characteristic illus
trated in curve (a) of Fig. 1, the upper fre
quency range will be heard to stand out in un
natural relief, even though the response may no
where rise above the mid-band level. It should 
be noted that this form of frequency character
istic modifies the spectrum of the reproduced 
sound in a way not experienced when listening 
to natural sounds. Progressive attenuation 
with increasing frequency is an everyday occur
rence - it is experienced, for example, when 
listening to sound which has travelled round 
a corner - but, apart from isolated cases of 
specular reflection, selective reinforcement 
of the upper frequency range does not appear in 
nature. EVen a shelving characteristic, such 
as that shown in curve (b) of Fig. 1, can give 
the effect of a "disembodied" high-frequency 
output, a result which could be explained on the 
assumption that the energy spectrum is subject
ively analysed into a continuously falling curve, 
(c) of Fig. 1, with the addition of a secondary 
curve, (d). The above remarks naturally 
apply to some extent to the sound radiated 
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Fig. I - Typical defects in 
upper-frequency response 
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in all directions and it seems to be a safe rule that the ear, in integrating the 
characteristics for the various angles of radiation, will take in the most well
defined - which in practice means the worst - features of each. Unfortunately, the 
off-axis frequency characteristics of wide-range multi-radiator loudspeakers are 
particularly likely to be of the humped or shelving type shown in curves (a) and (b), 
even though the axial characteristic may be flat. 

The second observation concerns the critical nature of the frequency band in 
the region 2-4 kc/s, the level of which, relative to the remainder of the spectrum, 
has a pronounced effect upon the apparent auditory perspective. Deficiency in this 
band gives a distant impression; slight excess gives a forward quality, sometimes 
referred to as "presence". The tonal quality associated with extreme deficiency or 
excess in this region ranges from hollow, or distant, to hard or metallic*. It is 
some~imes possible to run the gamut of these effects with a change in level of plus or 
minus a few decibels in the band concerned. With most cone radiators designed to 
cover the lower-frequency range the response in the 2-4 kc/s region is difficult to 
control and often varies widely in manufacture. To obtain consistent performance in 
production, therefore, it is desirable in multi-unit loudspeaker systems, first, that 
the first cross-over frequency should not be higher than 2 kc/s, and, secondly, that 
means should be provided for adjusting, in steps not greater than 2 dB, the relative 
levels of the signals applied to the high- and low-frequency units to compensate for 
production variations in sensitivity. 

2.4.3. Overall Slope of Response Characteristics 

It is often tacitly assumed that, for the highest degree of realism in sound 
reproduction by a single loudspeaker, the axial response, the mean spherical response 
or some intermediate quantity ought to be held constant with frequency. This assurop-
tion is not always supported by subjective judgment. Observers who with one type of 
loudspeaker prefer an axial response rising slightly with increasing frequency may 
demand with another type that the axial characteristic, and hence all other ,charac
teristics, should fall. The desire for a reduced high-frequency output is often 
expressed when the frequency/response curve in the upper part of the range is not 
smooth; in other cases, the varying preferences may be connected with the directional 
characteri stics. Again, with loudspeakers of conventional directional properties, a 
uniform axial frequency re~ponse is necessarily accompanied by a considerable increase 
in total sound output at the lower frequencies; this increase is seldom regarded as 
excessive and'is sometimes felt to be insufficient. Because of the characteristics 
of the ear, some such effect is to be expected when a sound is reproduced at a level 
much below that of the original, but there are many cases which cannot be fully 
explained in this way. It may be that the observ.ers, in demanding a rising low
frequency response, are unconsciously trying to compensate for some standing defects 
in the reproducing system, such as the inadequate sound distribution and, above all, 
the fundamental shortcomings of a monaural transmission. However, in view of the 
complexity of the factors on which the illusion of reality depends, varying preferences 
such as those referred to need occasion no surprise and it seems unprofi t.able to be 
dogmatic on the subject. The Qnly firm conclusion which can safely be drawn is that 
with wide-range loudspeakers of conventional directional characteristics a flat axial 
response may be acceptable but a flat mean-spherical response is intolerable. 

* Such expressions as these may seem. out of place in a teohnical context" They are, howeTer, 

typical or the teras in .hich the end-produot or a sound-reproduction system is described by 

the observer, and .hen employe'd by individuals known to be capable or oonsistent j ud g aent 

must be treated with ~espect. 
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2050 FrequencY.:Response Irregularity and Related Criteria 

2.5010 General 

So far, attention has been concentrated on broad trends in the frequency 
characteristics such as would remain after averaging the response over bands of, say * to 1 octave. Performance criteria based on such a smoothing process represent a 
minimum requirement. Clearly, the response within each band should vary as smoothly 
as possible with frequency, the permissible degree of fluctuation has, however, 
always been open to doubt. Much of the published work on this subject is concerned 
with the relationship between the frequency response of the system and the time 
response as shown by the reproduction of transient signals; it will therefore be 
convenient to survey these two subjects together, along with the closely connected 
subject of phase distortion. 

Most of the detailed studies of frequency characteristics have treated the 
loudspeaker as a minimum-phase-shift device; in such a case, supplementary measure
ments of phase shift or transient response could be undertaken for convenience but 
would in principle be unnecessary" The practical limitations imposed by the minimum
phase-shift assumption will be discussed later. 

2.5.20 Transient Response 

The direct observation of transient phenomena in loudspeakers has been the 
subject of a number of publications. Early investigations were carried out by 
McLachlan and Sowter, using a unit-step signal, and in 1937 Helmbold 6

, using an 
interrupted tone, was able to demonstrate the relationship between build-up time and 
steady-state frequency response. 

In a series of experiments carried out in Research Department in 1939, it 
was shown? that additional information could be obtained by extending the interrupted
tone test to the later stages of the decay transient, the envelope of which was found 
at particular frequencies to take the form approximately represented in Fig.2. 
In simple cases the farm of this envelope can be related to the shape of the steady
state frequency characteristic, the early, more rapid part of the decay being as
sociated with the broader features of the response curve and the slowly decaying 
"tail" with the smaller irregularities. The tail presumably represents the sound 
output from some resonant element having relatively little damping; this sound can 
thus be regarded as having been diluted by the main sound output in the ratio Ab: Ao, 

which, in conjunction with the two decay factors 6 1 and 6 2 , serves as a useful quan
titative index to the transient behaviour of the system 0 At the cost of some instru
mental complication, the data obtained from oscillograms can be presented as a function 
of the frequency of the interrupted tone. To this end the cycle of interruption is 
repeated at short intervals while the frequency is slowly varied and the envelope 
amplitude Ai, appearing at time tl after the start of the decay, is plotted; the same 
process, repeated for times t 2 , t s , etc., gives a family of curves, of the form shown 
in Fig. 2(b), which exhibit peaks at the various frequencies of resonance. This 
presentation can be used even where the decays are not exponential. The information 
shown in Fig. 2(b) can also be presented as a three-dimensional model representing 
amplitude, frequency and time; Fig, 2(c) shows such a model constructed from 
experimental data. 
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STEADY-STATE AMPLITUDE 

EXPONENTIAL DECAY 
WITH DECAY FACTOR ~I 
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Fig. 2 - Methods of representing response of multiple resonant 
system to interrupted tone 

(a) As a function of time 
(b) As a function of time and frequency 
(c) As a a-dimensional model in time and frequency 

Following the same approach, Corrington8 , in the United States, showed 
experimentally the connection between various modes of cone resonance, the associated 
transient phenomena observed with an interrupted-tone signal and the corresponding 
fluctuations in the frequency characteristic, many of which, in the examples given, 
were less than 1 dB in extent. As a sequel to this work, an ingenious electronic 
device was designed 9 to interrupt the test tone at intervals corresponding to a 
prescribed number of cycles and to record, as a function of frequency, the mean sound 
output registered during the nominally silent periods. From the results, it was 
suggested9 • 10 as a criterion that the mean sound pressure during the first 16 cycles 
of the decay transient should not exceed some 12~ of the steady-state pressure at the 
same frequency. 

In contrast to the methods just described is the work of Hentsch 11 and 
Seemann 12, in Switzerland, on the influence of irregularities in the frequency charac
teristic. Seemann proposed some empirical rules, based on subjective experiments 
with interrupted tone passed through various resonant circuits and filters and pre-
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sented to the observers by high-quality earphones; he concluded, inter alia, that 
irregularities in frequency response up to ± 2 dB are imperceptible. 

first 
±25~ 

The various lines of approach outlined above have more in common than may at 
appear. Consider a case in which irregularities of ±2 dB, i.e. approximately 
about the mean response curve, are caused by the presence in the loudspeaker 

system of a series of subsidiary resonant elements, the maximum output from ea~h 
element being 25~ of the mean output and either in phase or i~ antiphase with it • 
The tail of the transient will then start its decay with an amplitude Ab which is 
0·25 of the mean steady-state sound pressure in the frequency region concerned. Let 
it now be assumed, for example, that the final rate of decay is 1 dBlms (62 = 115)
a figure which lies roughly in the middle of the range encountered in practice and 
within one order of the extreme values -- and that 6 1 » 6 2 ; it is then readily shown 
that at 1 kcls the average level of the transient tail taken over the first 16 cycles 
is 0"48 Ab, or 0'12 of the mean steady-state pressure. In the example given, 
therefore, the frequency response which just satisfies Seemann's criterion of ±2 dB 
is associated with a form of transient which just meets the 12% requirement laid down 
by Corrington. 

205.3. Effect of Non-Minimum-Phase-Shift Condition 

In all the work described in the last section, frequency/response irregu
larity and transient distortion existed simultaneously and no attempt was made in the 
experiments to introduce the one without the other. In any system to which the 
minimum-phase-shift condition does not apply, the two attributes can, of course, be 
independent of each other, but little information is available on the subjective 
effect of varying them separately. Hentsch 11 , however, described some tests carried 
out with a series of all-pass networks, which allowed phase shifts to be introduced 
into the transmission chain without alteration of the frequency characteristic; the 
networks gave a maximum group delay, i.e. rate of change of phase with frequency, up 
to 35 ms at 524 cls but very little delay at other frequencies. Interrupted tone at 
524 cls was passed through the delay networks and presented to the observers through 
high-quality headphones; the smallest perceptible group delay time was found to be of 
the order of 10 ms. Tests were also carried out with a simple resonant circuit tuned 
to a frequency of E24 c/s; a circuit of this kind, having a time-constant of about 
2 ms, was found to have the same - just perceptible - subjective effect as the all
pass system with a group delay of 10 ms. These results illustrate the limitations of 
transient-response measurement when minimum-phase-shift conditions cannot be assumed. 
In such circumstances, however, the steady-state response/frequency characteristic is 
equally inadequate as an index of performance unless supplemented by the corresponding 
phase-frequency characteristic. 

2.5.40 Phase Distortion 

Many cases occur in practice in which a loudspeaker imposes on the reproduced 
sound a strong characteristic colouration, although the frequency/response curve in the 
region concerned is smooth and level or has been made so by electrical equalization. 
These loudspeakers presumably cannot be regarded as minimum-phase-shift devices, and 
consideration of their phase distortion is indicated. Measurement of phase dis
tortion in loudspeakers has hitherto received little attention, probably because of 
the instrumental difficulties involved, though Ewaskio and Mawardi 13 have published 
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some group-delay/frequency characteristics for single- and double-unit loudspeakers, 
together with the corresponding amplitude-response/frequency characteristics. Measure
ments of this kind may ultimately provide the solution in otherwise intractable cases, 
but much further work will be necessary before the practical value of this approach 
can be properly assessed. 

2.5.5. Effect of Interference 

In the foregoing discussion it is tacitly assumed that sound from the 
various parts of the radiating surface reaches the measuring point by paths of nearly 
equal length so that interference effects are negligible. To achieve such a con
dition, even on the axis of a small diaphragm, is less simple than might be expected. 
Even though the radiation from the rear of the diaphragm is completely suppressed, 
interference can be caused by reflection at the discontinuity formed by the edges of 
the enclosure. This effect, first demonstrated by Nichols14 and 01son 15 , may extend 
throughout the audio-frequency range; it can be minimized by mounting the radiating 
unit asymmetrically and by rounding or chamfering the front edges of the enclosure. 

A difficult situation arises when the loudspeaker consists of several units. 
Where each unit covers a different band of frequencies, interference is confined to 
the cross-over region. If, however, two or more units are used to cover the same 
band - a growing practice in loudspeakers intended to give wide-angle radiation at 
high frequencies - the effect will extend over a wider band and it may be impossible 
to find any point equidistant from all the radiating surfaces at which to measure the 
response. 

As long as interference effects in free space vary with the position at 
which the pressure measurement is taken and do not affect the average response of the 
loudspeaker over a wide band, they fall into the same category as interference effects 
produced by reflections in a "live" listening room and may be relatively harmless. 
Some method of measurement which would automatically discount irregularities in the 
frequency characteristics arising from interference, while retaining enough information 
about irregularities arising from other causes, is therefore desirable. Meanwhile, 
it may be necessary, in investigating the performance of a multi-unit loudspeaker, to 
test each unit separately, if necessary in another enclosure. 

2.6. Non-Linearity 

2.6. 1. General 

The effects of non-linearity in loudspeakers differ from those occurring in 
most other parts of a sound transmission system in the manner in which they vary with 
the frequency of the signal. Apart from a gradual increase in distortion towards the 
lower end of the working frequency range, pronounced non-linearity often appears in a 
series of very narrow bands i6 , so that measurements are laborious and the results are 
particularly difficult to interpret for a complex signal waveform. It is therefore 
not surprising that the literature on the subject is concerned more with the des
cription of methods of distortion measurement, illustrated by results for particular 
cases, than with systematic investigations to discover the maximum permissible values. 
With some forms of distortion it would probably be easier, as well as more profitable, 
to remove the cause by appropriate design than to discover rules for assessing the 
effect. More information on the origin of the various forms of distortion in 
loudspeakers is therefore required; to obtain this information various refinements of 
measuring techniques may be necessary. 
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Measurements of non-linearity in loudspeakers at discrete frequencies are of 
limited value unless these frequencies are chosen by ear, using a gliding-tone signal. 
Ideally, distortion should be measured as a continuous function of frequency, and this 
can be done by switching filters as the measurement proceeds. The degree of resolu
tion obtained by this means is however limited by considerations of instrumental 
complication and various heterodyne methods have been devised to enable a single 
narro~band fixed filter to be employed: equipment of the latter type, applicable to 
a wide variety of distortion measurements, has been developed in Research Department, 
and is the sub j ect of a monograph to be published shortly. 

2.6.2. Application ef Harmonic- and Intermodulation-Distortion Tests 

In single-tone distortion testing, it is advisable to measure the individual 
harmonics, since loudspeakers are prone to a type of non-linearity 17 which is more 
offensive to the ear than the total harmonic content would suggest. Such distortion 
can arise when some vibrating element, e.g. the cone surround, is in resonance and 
reaches the limit of its excursion while the rest of the mo~ing system is still 
operating linearly. 

Fig. 3 shows an example of a harmonic-distortion measurement on a loudspeaker 
made by means of the Research Department gliding-tone heterodyne analyser referred to 
above. The signal at the input of the associated amplifier was held constant with 
frequency at such a value as to produce, at 400 c/s and at 4 ft 6 in. distance, an 
axial sound pressure of 10 dyne/cm2 r.m. s. (94 dB above the reference level, 
2 x 10-4 dyne/cm 2 ). Fig. 3 shows the fundamental and harmonics up to the sixth in 
thclr correct relative positions on a decibel scale. The degree of distortion shown 
at the highest and lowest frequencies is not reached in practice, since the energy 
of normal programme materi al fall s at the extremes of. the frequency band 18 • 19. To 
cover ~ll conditions it would be possible to repeat the distortion measurements at 
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Fig. 3 - Fundamental and harmonics in output of loudspeaker 
excited with gl iding tone 
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a series of different input levels. A less laborious alternative would have been 
deliberately to reduce the applied signal at high and low frequencies according to 
some law based on the energy content of the programme; to this end it would be helpful 
if agreement on a standard law of attenuation could be reached. 

Harmonic-distortion tests cannot be extended to the upper end of the audio
frequency range, since many of the distortion products then fall outside the pass-band 
of the loudspeaker or measuring equipment. The limitation becomes important when 
distortion produced by the loudspeaker or its associated amplifier increases at higher 
frequencies; such a state of affairs arises, for example, when high-frequency pre
emphasis is used to correct the characteristics of the loudspeaker. Where it is 
necessary to test the linearity of the system up to the limit of the audio-frequency 
b and, an intermodulation test with two gliding tones, of frequencies 1 land 1 2 

(12) 11) and a constant difference 12 - 11, may be applied. Fig. 4 shows the results 
of such a test c?rried out with the heterodyne analyser on the loudspeaker of the last 
example. The amplitude of each tone was made 1/;':2 of the amplitude of the single 
tone in the harmonic measurement so that the total power input should be the same, and 
12 - 11 was 120 c/s. The curves show the relative levels of the fundamental signals 
and the intermodulation products having frequencies 12 - 1 1, 21 1 - 12, 31 1 - 212 
and 4ft - 312' It will be seen that in tests of this kind it is insufficient to take the 
difference frequency alone; on the other hand, the measurement of one or two of the 
higher-order products will probably give all the information that is required. 
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Fig. q - Fundamental and intermodulation products in output of 
loudspeaker excited with two gl iding tones of equal 

ampl itude having a constant frequency difference 
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In a more common form of intermodulation test, two tones widely separated 
in frequency are applied, the amplitude of the higher-frequency tone is generally 
made about one-quarter that of the lower-frequency sign all and the di stortion is 
assessed in terms of the degree of modulation of the former by the latter. This type 
of measurement is primarily intended to indicate non-linearity at frequency fl' the 
signal of frequency f2 being regarded as a pilot tone, the precise frequency and 
amplitude of which are unimportant, and which in itself creates no distortion products. 
The method has the great advantage that the acoustic measurement can be confined to 
a small range of frequencies in the middle of the audio-frequency band. In an 
alternative scheme proposed by Ingerslev20 the two applied signals are of equal 
amplitude and the level of the intermodulation products is plotted as a function of 
f2' f1 remaining fixed. The results of such a measurement must, however, depend on 
the degree of non-linearity existing at .both f1 and f2' a number of tests would be 
necessary to identify the various sources of distortion, and the method appears to be 
of limited practical value. 

2070 Methods of Subjective Assessment 

207010 General 

The subjective assessment of loudspeaker performance might appear to be a 
simple and straightforward operation and was once so regarded. It was at one time 
common practice to judge loudspeakers by their reproduction of a variety of trans
mitted programme material without reference to the original sound; sometimes the 
criterion of the "most pleasing sound" was adopted. Later, when the standard of 
reproduction advanced to the point where some sligh~ semblance of realism was possible, 
this somewhat naive approach had to be abandoned, for the order of merit varied with 
the type of programme material, the studio acoustics, the microphone placing, and with 
other factors such as the position of the different loudspeakers in the listening 
room. It was found possible, however, by systematic listening tests carried out 
under carefully controlled conditions, to remove to a large extent the effects of 
irrelevant factors 21 and to reduce considerably the risk of arriving at a wrong 
judgment, i.e. one which would later have to be revised in the light of further 
experience. 

In the following sections the test procedure which, as a result of experi
ments during the past twelve years, has come to be adopted in ~esearch Department, is 
discussed. 

207020 Noise Tests 

Many of the salient features of loudspeaker response can be very quickly 
appreciated subjectively by applying to the input a continuous-spectrum random-noise 
voltage. To avoid aural fatigue and to render the test more sensitive, it is ad
vantageous for this and other subjective assessments to place a second loudspeaker 
beside the one under consideration and to switch back and forth between the two; by 
contrast, the individual peculiarities of both loudspeakers will then become evident. 
This test will usually disclose differences even between nominally identical loud
speakers. 
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2.7.3. Speech Tests 

The realistic, as distinct from the merely intelligible, reproduction of 
speech is particularly difficult to achieve; the transmission of a voice which is 
familiar to the observers is a stringent test for a loudspeaker. Male voices are the 
most suitable, as they reveal various defects common in the 250-1000 cls band. The 
speech should be transmitted from a non-reverberant room or from the open air, for it 
is not the function of a loudspeaker to comp-ensate for peculiarities in the acoustics 
of studios. It is not permissible to reduce the amount of transmitted reverberation 
by bringing the microphone close to the talkerVs mouth; speech picked up at dis
tances less than 12 in. has an unnatural character, particularly at high frequencies, 
which cannot be compensated by electrical equalization. 22 

For these and the remaining subjective tests, the loudspeakers to be com
pared should be concealed from the ob servers to prevent identification. 

20704. Music Tests 

The final test consists of a comparison between live and reproduced music, 
the listening point being established as near as possible to the studio or concert 
hall so that the observers may pass freely between the two. Such freedom of movement 
is possible only during rehearsals, and observers must note the tonal quality being 
produced in the studio at the time, since musicians often reserve their fullest 
efforts for the final performance. Good sound insulation between studio and listen
ing room is important, especially at the extremely low frequencies, at which an 
attenuation of at least 35 dB is essential. 

The quality of reproduction obtained will naturally depend on the dis
posi tion of the performers and of the microphones in the stUdio - technically known as 
the "balance" of the transmission. It is important, however, that defects in the 
loudspeaker should not be unwittingly compensated by an alteration in balance; for 
the purpose of the test, therefore, the instruments of the orchestra should be arranged 
to give an acceptable result as heard in the studio" and a single microphone, so 
placed as to avoid over-emphasis of anyone instrument, should be used. It is true 
that in certain types of programme more than one microphone is frequently employed; 
with dance bands, to take an extreme example, a separate microphone may be provided 
for each group of instruments, and by this means effects can be produced which are not 
audible to a listener in the studio. Programme material of this type is, however, 
inadmissible when an tmambiguous comparison between original and reproduced sound has 
to be made. 

In studios and concert halls having good sound diffusion - a condition which 
can be verified by direct listening- the microphone placing is not highly critical. 
For a particular orchestral layout, however, there is usually a preferred position, 
and this position in itself gives an additional check on loudspeaker performance. 
The better types of loudspeaker, while each departing in a different way from the 
ideal and so giving an appreciably different version of the transmitted sound, have in 
practice so much in common that the best microphone position for anyone of them is 
nearly the same. On the other hand, a loudspeaker having some peculiarity in res
ponse, which, for example, throws into prominence one type of orchestral instrument, 
may require for best results a different microphone position or even a different 
orchestral layout. 
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All that has been said on the subject of optimum microphone placing applies 
equally to the directional characteristics of the microphone required to give the best 
overall effect. Differences in performance between high-quality microphones having 
the same nominal directional characteristics are too small to affect the order of 
preference between different loudspeakers. 

3. DESIGN" CONSIDERATIONS 

3010 Electrical Equalization 

The loudspeaker designer's task could frequently be eased by modifying the 
frequency characteristics of the preceding amplifier chain. This expedient, often 
employed in one form or another in the design of radio receivers, introduces some 
obvious instrumental complications when applied to an independent loudspeaker, but has 
important advantages where an exceptionally high and consistent standard of per
formance is required. It may even be practicable to introduce corrective circuits 
between the final amplifier and the loudspeaker proper, due regard being paid to the 
power-handling capacity of the system. When electrical equalization is used to 
offset the effect of reduced loudspeaker efficiency at some part of the working 
frequency band, some increase in the amplifier power rating may be necessary. If the 
correction is applied at the extreme ends of the frequency band, however, advantage 
may be taken of the reduction in spectral energy in these regions. It is known, for 
example, from various experiments carried out in connection with F.M. broadcast 
transmission, that a 50 microseconds high-frequency pre-emphasis, which amounts to 
approximately 10 dB at 10 kc/s, rarely increases the maximum crest value of the 
programme wave form, and hence the output from the loudspeaker amplifier, by more than 
4 dB. The corresponding figure for the lower end of the frequency range is not 
available but is believed to be of the order of 4 dB increase in amplifier rating for 
10 dB pre-emphasis at 50 c/s. 

A notable example of electrical equalization of loudspeaker characteristics 
is furnished by the "omnidirectional" radiating system produced by Harz and Kosters23 
in Germany for broadcast monitoring purposes; in this type of loudspeaker, the 
associated power amplifier is preceded by a separate low-power equalization amplifier, 
incorporating both low- and high-frequency pre-emphasis circuits, together with as 
many as six other networks designed to correct specific features in the frequency 
characteristics. 

Electrical compensation for low-damped resonances in a loudspeaker is 
impracticable, if only because of the difficulty in maintaining long-term stability of 
the mechanical system. Electrical control of general trends in the frequency charac
teristics or of the response within a broad band is, however, perfectly feasible; it 
allows adjustments to be made to offset production variations in the electra-acoustic 
transducers or to compensate for differences between the acoustic conditions in 
individual listening rooms. 

3.2. Division of Frequency Range 

In the design of wide-range loudspeakers it is usual either to provide a 
separate unit for the higher end of the audio-frequency band or to employ a single 
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unit, equipped with an auxiliary diaphragm in the form of a concentric dome or cone 
driven from the common speech coil, to give the same effect. The change-over from 
the low-frequency to the high-frequency radiating system should preferably take place 
at a frequency at which the former is not appreciably directional. If this require-
ment is not met, a state of affairs arises which is represented, in simplified form, 
in Fig. 5. Assume that a low- and a high-frequency unit, each having uniform axial 
response, are mounted on a common axis and fed through a cross-over network in such a 
way that the combined axial response (e = 0) is likewise uniform. If, at the cross
over frequency t eo ' the low-frequency radiator is appreciably directional, the fre
quency characteristics at angles el' e2, etc., will exhibit a depression in the region 
just below teo' This effect could be largely avoided if the frequency range were 
divided into three bands, using diaphragms of progressively smaller diameters; for 
most purposes, however, this solution is uneconomic, not only because of the extra 
radiating system, but also because of the additional cross-over networks and tc.e extra 
setting-up adjustments required in production. 

(a)~ 
I 

cD 

(b) il crL-------------------~----------------
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f 

Fig. 5 - Two-unit loudspeaker: effect on overall frequency characteristics 
of change in directional properties at cross-over 

(a) Frequency response of low-frequency unit 
(b) Frequency response of high-frequency unit 
(c) Combined frequency response 

3.3. General Properties of Cone Radiators 

Although cone loudspeakers have been in common use for more than 30 years, 
the amount of systematic research carried·out on their performance is surprisingly 
small and their design is still, to a large extent, a matter of trial and error. The 
behaviour of the diaphragm is not readily amenable to mathematical treatment, the 
difficulty of analysis being aggravated by the various departures from the simple 
conical form which in course of time have been empirically introduced. Experimental 
studies are hampered by the high price of the tools required to form the diaphragm; 
it may cost several hundred pounds to discover the effect of a minor change in profile. 

The diaphragm of a cone loudspeaker is a complex vibratory system capable of 
motion in various regimes. The quality of sound produced by it is not always pre-
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dictable from the frequency/response characteristics, even in the region below 1 kc/s 
where these may be relatively smooth. In particular, an objectionable type of 
colouration in the lower-middle-frequency range seems to be characteristic of a large 
number of units of less than 10 in. cone diameter; the effect is usually associated 
with the presence of low-damped radial modes. Perhaps the most notable example of 
this phenomenon at the present time is to be found in the G.E.C. metal-cone loud
speaker type 1851. In the course of investigation into the behaviour of this and 
other cone units, attempts have been made to simulate the subjective result elec
trically by introducing into a high-quality reproducing system single tuned circuits 
having decrements comparable with those measured on the offending loudspeaker. These 
attempts have so far been unsuccessful, and it may be that, as in the study of rever
beration phenomena, a combination of modes is involved. Until the origin of cone 
colouration is understood and the effect brought under control, it will frequently be 
necessary in the design of high-quality loudspeakers to employ diaphragms having areas 
much greater than those dictated by considerations of power-handling capacity. 

3.4. Alternative Radiating Systems for High Frequencies 

The most economical form of direct radiator for the upper frequency band is 
undoubtedly a smaller version of the cone unit used for the low-frequency range. 
Occasionally, plastics are SUbstituted for the usual paper pulp as a diaphragm ma
terial; an example of this is the Lorenz unit type LPH 65, which has now been fitted 
to the LSU/10 to extend the frequency range. 

Since, however, a high-frequency unit requires only a relatively small 
radiating surface, various other forms of construction are possible. Small horn type 
units have been used to some extent. Most of these have been of conventional form, 
having moving-coil-driven diaphragms, but in a few cases the diaphragm has taken the 
form of a corrugated ribbon similar to that of a ribbon microphone; in one design, 
the back as well as the front radiation was utilised. In addition, a horn radiator 
in which the diaphragm was replaced by a modulated high-frequency glow discharge 
taking place in a quartz tube, and described a"s an "Ionophone" 24, 25 has been demon
strated. In recent years there has been a revival of the electrostatic radiator for 
high frequencies; cheap mass-produced units of this type have been employed in a 
number of continental V.H,F. receivers. 

In 1954, an experimental high-frequency unit for operation at frequencies 
above 2000 c/s was constructed in Research Department by modifying a Reslo horn driver 
mechanism to give direct radiation. The results obtained were so outstandingly good 
that the manufacturers were asked to consider the possibility of supplying the unit in 
this form; however, although a number of specimens were produced on a model shop 
basis, the prospects of full-scale manufacture appeared to be so remote that the 
project was temporarily abandoned. In 1956, a high-frequency radiator constructed on 
similar lines was placed on the market by G.E.C. with the designation "Presence Unit" 
type 1852. This unit was originally produced as an attachment to the metal-cone 
loudspeaker, type 1851, referred to in the previous section, the intention being to 
improve the "presence" of the reproduction by making good a deficiency of response in 
the 3 kc/s region. The type 1852 unit, while inferior in sensitivity and power
handling capacity to the experimental Reslo unit referred to above, exhibits in other 
respects the same high standards of performance. Fig. 6 shows its construction. 
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The diaphragm, of plastic-impregnated fabric, is in the form of 
a cone driven from the outside and moves substantially as a 
whole up to at least 10kc/s. The whole of the conical surface 
is covered by a fixed plate of corresponding shape, sound 
escapes from a series of openings around the periphery of the 
plate and from a single small opening in the centre. At high 
frequencies, the stiffness of the moving system is increased 
by the air trapped between the diaphragm and fixed plate, the 
effect being to raise the upper limit of response without 
affecting the performance over the rest of the band. Because 
of their small dimensions, these units are much less directional 
at high frequencies than a conventional cone or single horn 
radiator. 

The G.E.C. type 1852 unit is at the present time the 
best available direct-radi ator system for use in high-quality 
loudspeakers. In the range 1500 c/s to 12 kc/s, the axial 
frequency characteristic is but little inferior to that of the 
Ionophone: the latter device, while free from the shortcomings 
usually associated with the use of diaphragms, seems likely to 
remain a laboratory curiosity. 

Other things being equal, the usefulness of a high
frequency radiator is limited by the acoustic power which it 
can produce without distortion or damage, and this usually 
diminishes rapidly with decreasing frequency. Direct-radi a-
ting units which are small enough not to be unduly directional 

are generally suitable only for frequencies above 1'5 kc/s, while some are unusable 
below 3 kc/so Moving-coil-driven horn systems offer some improvement in this respect 
and allow a nominal cross-over frequency which usually lies between 1 and 2 kc/so 

Attempts have been made to produce a radiating system substantially omni
directional even at high audio frequencies. The best-known example of such a design 
is the loudspeaker of Harz and Kosters previously referred to 23

• Here the frequency 
range above 400 c/s is radiated by 12 small cone units mounted on the faces of a 
dodecahedral structure, thus giv~ng an approximation to a spherical radiator. Fig. 7 
shows an external view of the omnidirectional assembly placed a short distance away 
from the associated lo~frequency unit, which is mounted, with axis vertical, in the 
top of its enclosure. In a later version 26 of the loudspeaker the number of high
frequency units has been increased to 32. 

The design of such omnidirectional assemblies is hampered by the lack of 
suitable cone units. Few commercial units small enough for the purpose have the wide 
frequency range, smooth frequency response and freedom from non-linear distortion 
which experience shows to be necessary in high-quali ty loudspeakers of the conventional 
type, and there is no evidence that the special directional characteristics allow the 
normal requirements to be relaxed. 

The effect of an omnidirectional loudspeaker can be partly simulated by 
directing the radiation from a conventional unit towards a corner of the listening room 
and relying on the scattering of the sound by multiple reflection; the results, ho~ 
ever, depend so much on local conditions that the method is not universally applicable. 



3.5. Factors Influencing Lo~ 
Frequency Response 

3.5.1. Enclosure 

With the exception of the 
large-area electrostatic loudspeaker 
referred to in Section 5, every direct
radiator loudspeaker designed to op
erate to the lower limit of the audio
frequency range includes some kind of 
baffle or enclosure designed to prevent 
destructive interference by sound 
radiated from the rear of the diaphragm. 

During the p~st decade, a 
considerable amount of literature on 
the design of such enclosures has 
appeared and many ingenious devices 
for reducing the volume required for 
a given performance have been des
cribed. Unfortunately, most of the 
publications concerned are o£ a low 
technical standard; superlative 
performance data are frequently 
deduced, by processes of doubtful 
validity, from electrical impedance 
figures, while it is rare for any 
results of acoustic response measure
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Fig. 7 - N.W.D.R. omnidirectional loudspeak~r 

using 12 high-frequency units 

ments to be given. Various innovations in enclosure design, including the Robbins
Joseph27 resonator and the Goodmans "Acoustic Resistance Unit", have from time to time been 
investigated by Research Department and been found to offer little or no advantage 
over existing methods of achievi~g the same end. The basic form of enclosure em
ployed with wide-range loudspeakers has remained unchanged for some 20 years. In 
some arrangements the space at the rear of the diaphragm is completely closed; most 
designs, however, employ the well-known phase-inverting device due to Thuras 28

, where-
.by sound escapes at low frequencies through an auxiliary aperture or vent in aiding 
phase and thus increases the lo~frequency range of the loudspeaker by half an octave 
or more. The effectiveness of this arrangement depends, however, on the relationship 
between the mechanical impedance presented by the cone and the acoustic load imposed 
on it by the enclosure. Wi th enclosures of small volume the requirements can best be 
met when the area of the cone is likewise small; where it is necessary, for the 
reasons indicated in Section 3.3, to employ large cones in conjunction with small 
enclosures, the introduction of a vent may be useless or even detrimental to performance. 

Except in very large enclosures, there is no difficulty in making the walls 
stiff enough to prevent any appre.ciable transmission of sound at frequencies below 
100 c/s. At higher frequencies, a certain minimum mass of material per unit wall 
area is required to give adequate attenuation; further increasing the mass by in
creasing wall thickness, however, does not give a proportionate advantage unless the 
material exhibits sufficient internal damping at the various resonance frequencies. 
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A useful comparative test of materials can be carried out by constructing 
experimental enclosures without the normal sound outlets, setting up sound pressures 
by an internal sound source- a heavy-duty "pressure" unit of the kind employed to 
operate cinema-type horn loudspeakers is suitable - and measuring, as a function of 
frequency, the pressures produced at some external point. Fig. 8 shows curves ob
tained by this method, the current in the speech coil of the pressure unit being the 
same in each case. Curve (a) relates to a bare enclosure constructed of ~ in. ply
wood, and curve (b) to the same enclosure after the addition of an internal layer of 
~ in. soft building-board firmly bonded to the wood. The increase in mass produced 
by the addition of the building-board is only about ll~ and the principal reason for 
the reduced sound transmission is the increased damping of the flexural modes. Mea
surements of this kind, while purely empirical in character, can lead not only to 
improved performance of the loudspeaker as a whole, but to appreciable saving in 
weight, an important factor in transportable equipment. 
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Fig. 8 - Level of sound transmitted through walls of plywood loudspeaker enclosure 
(a) Bare 
(b) With damping in·troduced by lining of building-board 

3.5.2. Electro-Mechanical Efficiency 

The electro-mechanical efficiency of most early moving-coil loudspeakers was 
relatively low and the motional impedance was often negligible. This position has 
been greatly changed in recent years, largely by the introduction of improved magnetic 
materials. The high electro-mechanical efficiency obtained with many modern units 
presents, however, another design problem, for the motional impedance at low fre
quencies rises to high values and may reduce the current entering the speech coil 
below the value required for uniform frequency response; the effect is most marked 
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when the loudspeaker is fed from an amplifier of low output impedance. At fre
quencies for which the motional impedance is high, any increase in flux density beyond 
a certain point will actually reduce the motion of the speech coil and hence the 
acoustic response of the system, the increase in electro-mechanical efficiency being 
more than offset by the reduction in power transfer from amplifier to loudspeaker. 
The situation can be eased by the use of a vented enclosure designed to present an 
appropriate acoustic impedance to the diaphragm, However, if the volume of the 
enclosure is restricted, the loading may be effective only over a narrow band. 

One solution to this problem is to apply to the signal entering the as
sociated amplifier such low-frequency pre-emphasis as will produce the desired overall 
frequency response. To obtain the maximum undistorted power output from the 
amplifier/loudspeaker combination, the amplifier must then be designed for a load 
intermediate between the low-frequency and mid-band impedance of the loudspeaker, 
Alternatively, it may be possible to obtain a better overall result at comparable 
total cost by reducing the flux density of the loudspeaker field and increasing the 
amplifier power; this argument has particular force in the range between 8 and 25 W~ 
in which the price of amplifiers increases only slowly with output rating. 

The use of loudspeaker units having high electro-mechanical efficiency has 
been advocated on account of the heavy damping of the mechanical system at low fre
quencies which results when the electrical terminals are connected to a circuit of 
low resistance; to increase the damping even further, amplifiers with a negative 
output resistance have been employed to nullify part of the speech-coil resistance. 
It is often suggested that the damping of the fundamental resonance ought to be as 
high as possible and certainly above the critical value, which corresponds to a 
Q-factor of 0'5. The necessity for such a high degree of damping does not appear to 
have been demonstrated by subjective investigation, and is all the more difficult to 
appreciate when it is considered that the associated enclosure, if vented, will have a 
low-frequency resonance of its own with a Q-factor of 3 or more. 

4. EXAMPLES OF CURRENT DESIGN 

4. 1. General 

To illustrate some of the points discussed in Sections 2 and 3, two types of 
monitoring loudspeaker recently developed by Research Department will now be briefly 
described. The first of these, referred to as LSU/12A, was designed to meet the 
requirements for studio monitoring; the second, known as the LS3/1, is intended for 
outside broadcast use and is now coming into production. Both loudspeakers employ 
similar high- and low-fr,equency units, so that a comparison of their performance 
enables the influence of other factors to be studied. 

4.2. Construction of LSU/12A 

Fig. 9 shows the construction of the LSU/12A; the enclosure is of i in. 
veneered chipboard, reinforced by metal struts to restrict the vibration of the rear 
panel. The internal volume of the enclosure is 4'7 ft S ; a small vent resonating 
with the volume at about 50 c/s gives a slight increase in low-frequency output. 
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The low-frequency unit used is a 15 in. Plessey type which has an axial 
frequency range extending to about 4 kc/s, and which has been found to be relatively 
free from the colouration effect referred to in Section 3.3. Fig. 10 shows the 
constant-voltage frequency characteristics of the low-frequency unit alone taken on 
the axis and at 45° to the axis in the horizontal plane. The curves of Fig. 10(a) 
relate to an enclosure similar to that of Fig. 9 but having a circular opening 12~ in. 
in diameter; above 500 c/s the system is appreciably directional. By restricting 
the sound outlet to a vertical slot- a device due to Chapman and Trier 29 

- the axial 
response at the upper end of the range is slightly lowered and the response at oblique 
angles in the horizontal plane is raised, as shown in Fig. 10(b), thus helping to 
redress the balance. The optimum slot width- in this case 7~ in. - depends upon the 
geometry of the cone but is not critical. 

The high-frequency units are of the type shown in Fig. 6, two of them being 
used to increase the power-handling capacity of the system. Low- and high-frequency 
units are mounted in a vertical line as shown in Fig. 9; under normal listening 
conditions the separation between sound sources is not noticeable to observers lis
tening at distances over 4 ft. 

Both high- and low-frequency units have been tested with interrupted-tone 
input in the manner described in Section 2.5.2. and found to be free from any promin

ent low-damped resonances. 

The sound pressures produced on the axis by these units are made equal at 
1 0 45 kc/s, though this is not the frequency at which equal power inputs are supplied 
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to the two. In designing the cross-over network, the form of which is shown in 
Fig. 11, account had to be taken of the motional impedance of the high-frequency unit 
at the lower end of its range. It was found that the requirements could most easily 
be met by parallel-connected high- and low-pass filters working independently of one 
another; with modern low-output-impedance amplifiers, interaction between the two 
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filters is negligible and a constant-resistance cross-over network is unnecessary. 
On grounds of economy, inductors wound on laminated gapped nickel-iron cores are used 
instead of the usual air-cored coils; by designing for low flux density, inter
modulation effects arising in the iron core are made smaller than those produced by 
the loudspeaker units themselves. The combined choke and auto-transformer T1 is 
tapped to allow initial adjustment of the signal level applied to the high-frequency 
units; to avoid any change of frequency characteristic with tap adjustment, alter
native capacitors C 1, C 2 and Cs are provided. 

The resistor R1 , shunted by the inductor L2 , is introduced in series with 
the speech coil of the low-frequency unit to correct, at the cost of a certain amount 
of mid-band loss, for the positive slope in the axial frequency respon~e which would 
otherwise occur between 100 c/s and 1 kc/s; this feature of the characteristic 
represents the combined effects of loss at low frequencies due to motional impedance 
and gain at high frequencies due to increased directivity. The rejector circuit 
LsC e is employed to reduce the output of the low-frequency unit in the. 2·2 kc/s 
region, thereby avoiding some interference effects which would otherwise appear in the 
cross-over region. Provision for adjusting the shape of the frequency characteristics 
above 3 kc/s and below 150 cls is made in an electrical network introduced into the 
circuit ahead of the aS30ciated power amplifier. 

4.3. Construction of LS3/1 

The LS3/1, which is illustrated in Fig. 12, is an adaptation of the LSU/12A 
design; the same type of high-frequency unit is employed while the low-frequency unit 
differs only in having a slightly lighter magnet system giving 20~ less flux density. 

Fig, 12 - LS3/1: internal and external views 
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This loudspeaker illustrates some of the compromises which may be necessary 
in special cases. Because of the restrictions placed on the size and weight of 
portable equipment, the internal volume of the enclosure used is only 2"8 ft S

, with a 
15 in. cone unit the performance of the loudspeaker at low frequencies is better 
without a vent. Because of the reduced dimensions of the enclosure, a slightlyli@ht
er wall construction than with the LSU/12A is permissible, and the combination of 
.a in. plywood lined with an equal thickness of soft building-board (see Section 305.1) 
8 
is used. Electrical equalization is again employed to control the axial frequency 
characteristics, but in this instance all the networks involved are introduced after 
the associated amplifier and form part of the loudspeaker. In spite of the loss of 
efficiency thus occasioned, adequate sound level can be produced by the use of a power 
amplifier rated at 15 watts output. 

At outside broadcasts the space available for technical equipment is often 
very limited and the listener may be very close to the loudspeaker; it is therefore 
essential that the low- and high-frequency radiating systems should be as nearly as 
possible coaxial. The two high-frequency units of the LS3/1 are accordingly mounted 
within the cone of the low-frequency unit, on a partially perforated metal plate. 
This plate (see Fig. 12) acts as a baffle in the upper part of the range while offer-
ing little obstruction to sound from the low-frequency unit. The advantage of 
providing some form of baffle for the high-frequency units is evident from Fig. 13; 
the curves show the frequency response obtained on the axis mid-way between the two 
units mounted (a) in free space, (b) in a large baffle, (c) in the 7~ in. x 10 in. 
opening in front of the cone, and (d) as in (c) but with the perforated plate. It 
should be noted that these curves include the effect of the internal cross-over and 
corrective networks. 

4.4. Frequency Characteristics of Loudspeakers LSU/12A and LS3/1 

Fig. 14 shows the overall frequency response of the LSU/12A with its as
sociated amplifier, measured at various angles in the horizontal and vertical planes 
and for two different settings of the low-frequency response adjustment. At fre
quencies above 150 c/s measurements were made with the loudspeaker in a non-reverberant 
room having a working space 15 ft x 10 ft 8 in. x 7 ft 4 in. high; the response at 
lower frequencies was obtained in the open air with the loudspeaker mounted on a tower 
55 ft high. The mean spherical response and the directivity index, both measured in 
half-octave bands, are also given. As an illustration of the observations made in 
Section 2.4.3, it may be noted that, at the listening levels usual in studio monitor
ing practice 3o , the low-frequency response of curve (i) is sometimes regarded as 
insuffiCient, while in certain rooms that of curve (ii) is not found excessive. 

Fig. 15 shows the frequency/response curves of the LS3/1, together with the 
mean spherical response and directivity, again averaged over half-octave bands. 

The differences between the directional properties shown in Figs. 14 and 15 
are mainly attributable to the difference in geometry of the two systems and in 
particular to the form of the sound outlet for the low-frequency unit of the LS3/1. 
It should be noted in comparing the curves that as the LSU/12A has no axis of symmetry 
in the vertical plane, an arbitrary axis, lying between the low- and high-frequency 
systems, has been taken. Since it was not possible to measure the sound pressure at 
a distance great compared with the vertical separation of the units, the curves shown 
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in Fig. 14 depend to some extent on the height of the selected axis; this difficulty 
is becoming increasingly common with modern loudspeakers. 

Figs. 14 and 15 illustrate the difficulty of describing the various attri
butes of a loudspeaker without either emphasizing irrelevant detail or losing impor
tant information through over-simplification. For example, the disposition of the 
high-frequency units in the LS3/1 allows the observer to listen at close range without 
becoming aware of more than one sound source; there is, however, little in the curves 
to suggest that the LSU/l2A is different in this respect. Again, the difference in 
directional properties of the two loudspeakers, as shown by the spacing of the re-
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sponse curves taken at various angles, is not apparent in the directivity or mean 
spherical response characteristics, and it would clearly have been misleading to take 
the latter as the sole criterion of frequency response. 

Although the results of the change in directional properties of the loud
speaker at cross-over are not in either case serious, the effects referred to in 
Section 3.2 are present to Some extent in both the LSU/12A and LS3/1. The change of 
regime at cross-over is accompanied by a change in the slope of curves (d) of Figs. 14 
and 15; for reasons partly connected with the action of the perforated baffle plate, 
the effective cross-over frequency in the LS3/1 is somewhat higher than in the LSU/12A, 
the axial sound pressures produced by the high- and lo~frequency units being equal at 
l' 6 kc/so 

The data on harmonics and intermodulation distortion, given as examples in 
Section 2.6.2, Figs. 4 and 5, relate to the LS3/1. The difference at low frequencies 
between the shape of the frequency/response curve for the fundamental and ~hat shown 
in Fig. 15 arises mainly from residual reflections from the walls of the non-reverberant 
room in which the distortion measurements were carried out; the separation between 
fundamental and harmonics below 100 c/s is, in fact, somewhat greater than that 
indicated. 

5. FUTURE TRENDS IN DESIGN 

Apart from any radical change in the operating principles of loudspeakers, 
many of the refinements introduced during the next few years are likely to be con
cerned with directional properties. 

Because of the pleasantly "spacious" subjective effects to be obtained by 
wide-angle distribution of sound, commercial receivers incorporating two or more 
supplementary loudspeaker units mounted in different faces of the enclosure 31 have 
recently been produced. This practice, were it to become common, might lead the 
users of monitoring loudspeakers to call for a corresponding refinement. In Germany, 
the use of "omnidirectional ll loudspeakers such as that described in Section 3.4 is 
becoming more widespread among broadcasting authorities, although recent modifications, 
including the provision of four 12 in. lOW-frequency units in place of the original 
one, has raised the price to three or four times the figure usually considered accep
table in the B.B.C. It is claimed that these omnidirectional loudspeakers can produce 
spatial effects which otherwise could be obtained only by stereophony. Experience in 
Research Department with the loudspeaker of Fig. 7 and on other experimental radiating 
systems suggests, however, that the omnidirectional effect can be carried too far 
and is unacceptable on some types of programme, for example, speech; the necessity 
for compromise in this direction has already been pointed out in Section 2.3. 

While the potential applications of stereophonic transmission to broadcasting 
are limited, the development of stereophonic recording is proceeding rapidly and will 
probably create a demand for monitoring loudspeakers having special polar charac
teristics. Some workers 32 in this field have advocated the use of directional 
loudspeakers to reduce the variation in the position of the apparent sound source with 
the position of the observers. However, since the required directional charac
teristics cannot be maintained throughout the audio-frequency range, other designers 33 

prefer to aim at a uniform response over the widest possible angle in the horizontal 
plane. 



29 

Perhaps the most notable development in recent years is the design of 

electrostatic loudspeakers covering the complete audio-frequency range 34
, instead of 

being confined, as hitherto, to the region above 1 kc/so The two principal factors 
which have stimulated activity in this field are the production of plastics suitable 

for the manufacture of diaphragms having a sufficiently low mass and stiffness, and 
the realization of the fact, demonstrated by Hunt35 in America, that the non-linear 
distortion can be greatly reduced by keeping the polarizing charge, as distinct from 

the polarizing voltage, constant. In Britain, the Acou~tical Manufacturing Company 

has been actively engaged for a number of years in developing a wide-range electro-

static loudspeaker for the domestic market. Prototypes were demonstrated on a 

number of occasions during 1956 and 1957, but for reasons of commercial secrecy, very 

little information was published and it was not possible to obtain specimens for 

examination or comprehensive test until early in 1958, when the first production 
models were released to the public. Figs. 16 and 17 show external and internal 

views of the loudspeaker; the unit includes a rectifier to provide the polarizing 

voltage and a matching transformer to permit operation from a low impedance source. 

To produce the required sound level without exceeding the linear limits of 

the electrostatic system, diaphragms of large area have to be employed. In order to 
minimise unwanted directional effects, the radiating surface is sub-divided as shown 

in Fig. 17 so that the two outer panels are operative only at frequencies up toafew 

hundred cycles per second; at higher frequencies, radiation takes place from the 

three central strips, while at the extreme upper limit of the range, only the middle 

strip of the three is operative. This arrangement, while giving good sound dis
tribution in the horizontal plane, produces directional effects in the vertical plane 

which are much more pronounced than in a conventional loudspeaker: it is possible 
that a different ratio of height to width would have resulted in a better compromise. 

Probably the most striking feature of this loudspeaker is that the usual 
enclosure has been dispensed with and sound from both surfaces of the diaphragm 

~_JL _____ ' __ J.L_ 

L 13t" -+--- 13t" ~ 
Fig. 16 - Acoustical Manufacturing Company's full-range 

electrostatic loudspeaker. External View 
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Fig. 17 - Acoustical Manufacturing Company's full-range electrostatic loudspeaker. 
Front cover removed 

allowed to radiate into the room; the resulting loss in output at low frequencies 
through back-to-front interference is corrected electrically by an internal network. 
At low frequencies, where the wavelength is large compared with the dimensions of the 
diaphragm, the unit may be regarded as a doublet source. The directional charac
teristic is then of figure-of-eight form, and the proportion of reverberant to direct 
sound received by the listener will therefore be less than with a conventional loud
speaker; there is, however, insufficient evidence as yet to show whether this charac
teristic of the system is conducive to greater realism in reproduction. 

Because of the large dimensions of the radiating area, the response measured 
at normal listening distances is critically dependent on the point at which it is 
taken; an exceptionally large number of measurements are required to permit a meaning
ful objective comparison between this and other loudspeakers. 

Early models of the loudspeaker showed appreciable non-linearity, particu
larly in the region of the cross-over frequency - in this case about 200 c/s; in 
addition some form of colouration, of obscure origin, was apparent in the lower-middle-
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frequency range. These defects were demonstrated to the manufacturer and, as a result, 
improvements, involving among other things, the raising of the cross-over frequency to 
about 500 cls, are being introduced. 

Although the Acoustical Manufacturing Company's electrostatic loudspeaker is 
the only one of its kind on the British market, other firms are known to be working on 
similar lines and alternative designs are likely to become available within the next 
few years. Whatever the merits or shortcomings of these loudspeakers as a class, it 
seems likely that their cost may eventually be below that of a moving-coil loudspeaker 
system of comparable performance, 

6. CONCLUSIONS 

In the report an attempt has been made to bring together, on the one hand, 
the essentials of the art as they appear in the literature on design and measured 
performance, and, on the other, the accumulated experience, mostly unpublished, of 
those users of loudspeakers who are in a position to compare the original and re
produced sound. 

It will be seen that one of the greatest single obstacles to further pro
gress is the difficulty of formulating in sufficient detail the requirements to be 
met. The characteristics of the ideal loudspeaker, often regarded as self-evident, 
are found on closer examination to be indefinable in objective terms. However, as 
long as the user remains consistent in his demands, there seems no reason why sub
jective studies should not ultimately yield a set of workable criteria for the guidance 
of designers. 
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