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AN AUTOMATIC INTEGRATOR FOR DETERMINING 

THE MEAN SPHERICAL RESPONSE 

OF LOUDSPEAKERS AND MICROPHONES 

SUMMARY 

To assess the performance of a loudspeaker pr microphone in reverberant 
surroundings, it is desirable to know the mean spherical response. Unfortunately, 
the labour of computing this quantity from experimental data is prohibitive in all but 
the simplest cases. 

A circuit employing a modified 50 cls kilowatt-hour meter has been designed 
for use with existing polar plotting equipment to permit the automatic computation of 
mean spherical response; the necessary integrations can be carried out simultaneously 
with the measurement of the polar characteristics. 

1. INTRODUCTION. 

The sound heard from a loudspeaker in a live room arrives at the listener's 
ear not only by the direct path but also by indirect routes involving one or more 
reflections from the walls, floor and ceiling. In general, the ear is. conscious of 
both the direct and reflected sound, and it has long been recognised 1 that in any 
objective assessment of the overall effect, botrrmust be taken into account. Various 
workers 2, 3, 4, 5 have used as a measure of the total reflected sound, the mean spherical 
response of the loudspeaker, a quantity analogous to mean spherical candlepower in 
photometry and obtained by averaging the sound intensity radiated in all directions. 
This quantity when presented as a function of frequency is known as the "mean spherical 
frequency response" and can be used, in conjunction with the usual frequency response 
characteristics relating to the direct sound, to assess the effective characteristics 
of loudspeaker plus room. It may be of interest to note that a Bri tishStandard on 
loudspeaker testing which is about to be published includes a'section dealing with the 
measurement of mean spherical frequency~onse. 

Similar considerations apply to the mean spherical response of a microphone, 
which may be described as the response to sound arriving from all directions with 
random phase. This quantity is a measure of the amount of reverberant sound transr 
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mitted and its variation with frequency has a bearing on the quality of the reproduced 
sound. 

One method of arriving at the mean spherical frequency response of a 
loudspeaker or microphone is by calculation from polar characteristics measured at a 
series of single frequencies or narrow bands of frequency, using Rousseau's or 
Kellyis graphical construction, or other methods involving plotting polar diagrams on 
a distorted scale. This procedure is however tedious even when the instrument under 
test has cylindrical symmetry about an axis, where this is not the case, the labour 
of computation becomes prohibitive. 

Alternatively, a direct measurement of mean spherical response may be made 
by placing a loudspeaker and microphone, one or other of which is the subject of the 
test, in a highly reverberant room 1, 3,4 such as is used f.or measuring acoustic 
absorption, the two instruments being so disposed that direct transmission of sound 
from one to the other is negligible. The principle of the method is analogous to 
that of the integrating photometer and likewise assumes complete diffusion of the 
radiated energy. In the acoustic measurements however, the wave-lengths involved are 
relatively long so· that adequate diffusionisnot easily achieved; ,'[':':cus l-recc'v.1i .. j(l:US 

are therefore necessary to avoid anomalous results at low frequencies, particularly 
in the case of. loudspeakers, the efficiency of which may be modified by the acoustic 
load imposed on them by the room. In one app~ication4 of the method, for example, 
the' required conditions were approximated by the use of cylindrical reflectors 
together with a large vane which was slowly rotated to vary the interference pattern 
in the room. 

However, apart from the instrumental complications which may be involved in 
the use of reverberation rooms, computations based on free-air measurements have the 
advantage for research p:urposes that the total solid angle surrounding the loudspeaker 
or microphone under test may, if desired, by divided into sections and a separate 
integration carried out for each. By this means, the response integrated over the 
front hemisphere alone may be compared with the total for front and back together, a 
procedure which has been used6 to obtain a figure of merit for microphones of the 
so-calied "unidirectional" type. Again, in the case of loudspeakers it might be 
possible,by weighting the results obtained in different zones, to give more prominence 
to the front response,.and 'so arrive at an empirical figure intermediate between the 
axial and mean spherical response, which would give a useful approximation to the 
overall effect obtained in an average listening room. 

All these possibilities are however conditional on the use of some device to 
reduce the labour of computation to manageable proportions. The present report 
describes equipment developed in an attempt to meet this requirement. 

2. GENERAL PRINCIPLES. 

The apparatus to be described is designed to work in conjunction with some 
existing equipment which is used in the dead room at Kingswood Warren for measuring 
the polar response of loudspeakers and microphones. This equipment consists of a 
rotatable vertical shaft, on the end of which a microphone or a small loudspeaker can 
be mounted for test, together with a magslip circuit for reproducing at a remote point 

- - ------------_._----- --~--.--.---.----------------------------
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Fig. I 
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th~ angular position of the instrument concerned; the magslip system is used to 
rotate a turntable carrying a sheet of polar graph paper and also a pointer moving over 
a dial, giving a direct indication of angle. The polar response of the loudspeaker 
or microphone concerned is plotted by means of a pen moving along a radius of the 
turntable and operated by a serve-type level recorder through a suitable mechanical 
coupling. The rotating shaft is operated by a hand control through the medium of a 
pair of Selsyn motors. Microphones under test are rotated in a sound field set up by 
a fixed loudspeaker; loudspeakers which are light enough to be supported on the shaft 
are rotated in front of a stationary measuring microphone while in other cases the 
loudspeaker is fixed and the microphone, mounted on the end of a boom attached to the 
rotating shaft, is moved in a circle about ito 

Fig. 1 shows part of the equipment described above. The hand control for 
the rotating shaft and the dial indicating its angular position are contained in the 
unit on the left, which for convenience is referred to as the boom control. The 
plotting turntable and level recorder can be seen in the lower part of the figure. 

Microphone 

la) 

~ .. ... .. " ... " 
" c. ..: " " ... " 'E.2 
.~ b 
~~ 

" 

Cb) 

Fig. 2 - Alternative methods of dividing sphere of integration 

Fig. 2 shows how the simple process of taking a polar curve can be extended 
to obtain the mean spherical response. To avoid needless repetition, the description 
of this operation throughout the report will refer only to the case of a loudspeaker 
which is rotated in front of a stationary microphone. In Fig. 2(a) the loudspeaker 
under test is shown mounted on the end of the rotating shaft with the axis tilted at 
some angleq) to the horizontal. If the shaft is rotated through 3600 while the output 
of the microphone is recorded and the process is repeated with various values of 
<;6, sound radiated by the loudspeaker in all directions relative to its axis may be 
sampled. The total sound output can then be obtained by integrating the rate of 
energy flow across the surface of a sphere whose centre is that point on the loud
speaker about which the polar response is measured and whose radius is the distance 
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between this point and the microphone. 

For the purpose of the integration the spherical surface may be divided into 
a number of parts, such as that shown shaded in Fig. 2( a). If the rate of energy 
flow across the unit area of the spherical surface is taken to be proportional to the 
square of the pressure regi stered by the microphone, an assumption which implies a 
radial flow of energy, the integral to be evaluated for the shaded area can readily be 
shown to be proportional to: 

71 

J e 2 sin e de 
o 

where e is the r.m.s. output voltage of the microphone and e the angle of rotation of 
the vertical shaft. This method of divi~ion is preferable where the loudspeaker has 
cylindrical symmetry about its axis, so t4at a single integration of the form given 
above will suffice, or where the degree of asymmetry is so slight that only a few 
values of cj; need be taken. 

Alternatively, the sphere of integration may be divided up into zones as in 
Fig. 2(b), for .each zone, an integral proportional to: 

·271 

sin cj;' J e 2 d e 
o 

will then have to be evaluated. This method has the advantage that some form of 
weighting COUld, if desired, be ~plied to the individual zones depending on their 
distance from the loudspeaker axis. 

From the foregoing it will be seen that the function of the equipment is to 
evaluate integrals of the form: 

J e 2 de or J e2 sin e d e 

where e is a function of e. If the, loudspeaker is rotated at constant angular 
velocity, so that e is proportional to time, the integration with respect to angle can 
be replaced by an integration with respect to time, It is then possible to make use 
of an integrating wattmeter, applying to one set of coils a signal proportional to e 
and to the oth,er a signal proportional to e or e sin e, the sine law in this latter 
case being obtained by an appropriate form of potentiometer operated by the rotating 
shaft. The only readily available power-integrating meters are those designed for 
use at 50 c/s and to employ one of these it is necessary to provide a 50 cls source 
modulated in accordance with the amplitude of the signal e. Moreover, certain 
modifications to such meters are required to enable them to deal with wide variations 
in the input to the voltage coils, a condition for which they are not designed. 
However, the slight instrumental complications thus entailed are still considered 
worth while for it would be hard to find a cheaper and more readily available piece 
of equipment for integrating the product of two electrical quantities than the common 
commercial kilowatt-hour meter. 

So far, constant angular velocity of the loudspeaker relative to the 
microphone has been postulated. It is often inconvenient in practice to preserve this 
condition, and it was for this reason that the existing equipment had been designed 
for hand operation rather than with amotor drive. For the purpose of the integration 
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however the effect of constant angular velocity can be obtained by introducing a 
factor proportional to 

so that de in the integral is replaced by 

de 
dt ' dt, 

this end is achieved by feeding the 50 c/ssignal intended for one set of meter coils 
to thestator of an induction generator---a device similar to a magslip---the rotor of 
which is driven from the vertical shaft and delivers a voltage proportional both to 
the stator input and to the angular velocity. 

Finally, means have to be pr,ovided for producing a 50 cls signal proportional 
to the output voltage from the microphone. Thi s function is performed with sufficient 
accuracy for the present purpose by a linear rectifier, the smoothed output from 
which is interrupted mechanically at 50 cls and filtered to remove harmonics. It is 
true that the use of a linear rectifier to derive the r.m.s. value of a fluctuating 
signal is only' admissible if the form-factor of· the incoming signal is constant 
throughout the measurement. However, the.signals used for polar response measure
ments are either single frequencies or bands of noise. The maximum disparity in 
fornr-I'actor between these two extreme case,s corresponds to a difference of less than 
1'1 dB, the variation in fornr-factor of a band of noise as modified by the frequency 
characteristics of the loudspeaker is likely to be less and the error in the integral 
smaller still. 

r- --- --- ---- ---, 
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Fig. 3 ~ Block schematic diagram of Integrating circuit 
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Fig. 3 shows a block schematic of the complete integrating circuit working 
on the principles outlined above. Theuni t marked "converter" contains the linear 
rectifier which converts to d.c, the audio-frequency output from the microphone 
amplifier, together with the interrupter and smoothing circuits which convert this 
d.c. to a 50 cls signal. It should be noted that the sine-law potentiometer is only 
included in the circuit when integrating by the method of Fig. 2{a). Where the 
method of Fig. 2(b) is employed, the integrals for the individual zones are multiplied 
by the appropriate values of sin ~I before being added together. 

The design of the individual units shown in Fig. 3 will be described in 
detail in the" following sections. 

3. DESIGN REQUIREMENTS. 

3.1. Linearity. 

Ideally, the system should be linear, i.e. the speed of revolution of the 
kilowatt-hour meter disk should be proportional to the square of the response of the 
transducer under test. The error resulting from non-linearity of the system depends 
upon the directional characteristics of the loudspeaker. 

ex 

Fi g. ~ 

The effects of non-linearity will 
be most marked when a large proportion of 
the total registered by the integrating 
meter is recorded at a low speed, Some 
idea of the order of error to be expected 
in extreme cases of this kind may be gained 
by considering a hypothetical axially 
symmetrical loudspeaker having a polar 
diagram of the form shown in Fig. 4. 

Let the response be taken as uni ty 
over the angle 2 e and a at all other 
angles. Imagine, for example, that the 
system is linear from the level of maximum 
response to a level 20 dB below it, that 
for levels between 20 dB and 30 dB below 
the maximum, the integrating meter runs at 

half the proper speed, corresponding to an error of 3 dB and for still lower levels 
fails completely to register. In these circumstances the error in the measurement of 
the mean spherical response would be as follows: 

e 
5° 
5° 

10° 

10° 
15° 
"15° 

20 lOg10a(dB) 

-30 
-20 
-30 
-20 
-30 
-20 

error (dB) 

0'39 
<0'01 
0'26 

<0'01 
0'12 

<0'01 



8 

Currtnt 
coils. 

Fi g. 5 

oltage coil. 

back coils. 



9 

It will be seen that quite serious departures from linearity can be tolerated 
at levels more than 20 ,dB below the maximum, provided that the registration is 
accurate at higher levels. The overall amplitude characteristic of the system to be 
described is linear within ± 1 dB for at least the upper 20 dB of its range and it is 
estimated that the error in the integral for practical cases will seldom exceed ~ dB. 

3. 2.S:peed of Operation. 

The time required to carry out a given series of measurements is governed by 
two principal factors. 

a. Inertia of rotating system. 

In view of the high moment of inertia of the rotating shaft when loaded with 
a loudspeaker or with a microphone mounted on a long boom, the hand drive has been 
designed with a 36:1 reduction gear and the minimum time required in practice for 
one revolution of the shaft is about twenty seconds. 

b. Reading accuracy of integrating meter. 

T!3 achieve a significant result the rotor of the kilowatt-hour meter must 
make a certain.number of revolutions to allow a sufficiently high reading accuracy. 
The smallest division on a standard house service meter of lOA rating is not usually 
less than 10 Wh, and if the reading accuracy is required to be 2%, this means that a 
total of 0"5 kilowatt-hour must be registered. If 100% overload of the current 
coils* is allowed, with full voltage on the voltage coils, this would take six minutes 
and since continuous full speed operation is not achieved in practice, a considerably 
longer time would be required to obtain the necessary precision. By modifying the 
meter in the manner described in the next section, the reading accuracy has been so 
far increased that it no longer limits the speed of measurement. 

4. DESIGN DETAILS. 

4.1. Integrating Meter. 

The integrating meter is a commercial 400 volt kilowatt-hour meter to which 
certain modifications have been carried out to adapt it for the purposes of this 
equipment. Fig. 5 shows the modified meter. 

In normal practice such meters'would not have to deal with large variations 
in voltage, and this fact accounts for two design features common to all instruments 
of this type, the use of a non-linear magnetic circuit for the voltage coils, and 
the derivation of a torque for friction compensation from the volt~ge coil flux. 
For the present application, wide variations in voltage may be expected, and the 
problem of linearity becomes serious. These meters are also usually required to 
work unattended for long periods, and to register unambiguously large numbers of 
kilowatt-hours. They are therefore fitted with long gear trains and a system of 
di als not intended for indicating fractions of a kilowatt-hour. For the present 
purpose,however, a high reading accuracy is required for comparatively small overall 
indications, and finer divisions are therefore necessary. In these circumstances 

*To conform to BSI Specification No. 37:1937, kilowatt-hour meters must be capable of carrying 
continuously, and registering accurately, 100% overload. 
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the long gear train becomes redundant, merely adding to the frictional losses. 

To overcome the problem of friction compensation it was decided to use a 
three-phase four-wire meter, which contains three separate driving elements; the 
first of these is used to provide a small but constant torque to offset the effect of 
friction, while the second and third are available for driving the rotor. 

To achieve the required reading accuracy, the - :oiginal gear train and dial 
system were rebuilt. A pointer was fitted to the spindle of the gear driven directly 
from the worm on the rotor, this pointer moves over a-dial large enough for individual 
rotor revolutions to be resolved. A second pointer was arranged to indicate 500 
revolutions of the rotor before repeating and finally, a dial reading hundredths of a 
revolution was fitted to the rotor shaft. These dials and pointers may be seen in 
Fig. 5. 

The driving torque acting on the rotor disk is proportional to the product 
of the magnitudes of the fluxes produced at-the disk by the driving magnets and the 
sine of the phase angle between them. The inevitable non-linearity of the magnetic 
circuit therefore causes non-linearity of the driving torque with respect to driving 
voltage. This difficulty was overcome by fitting-small extra coils t? the pole tips 
of the driving magnets, as close to the rotor disk as possible; these coils provide 
vol tages very nearly proportional to the fluxes which produce the driving torque, and 
by using these voltages as·feedback-signals for the appropriate amplifiers the driving 
torque can be made proportional to the input voltages of the driving amplifiers. 
The feedback coils can be'seen in Fig. 5~ 

The maximum speed of the rotor can be increased in two ways, by driving the 
coils beyond their normal working rating, and by reducing the flux of the braking 
magnets. The extent to which the former expedient can be used is limited on the one 
hand by the maximum safe dissipation of the coils, and on the other by the self-braking 
effect, which becomes troublesome when the flux producing the driving torque becomes 
comparable with the flux of the braking magnet, the total braking flux is then 
increased, and linearity suffers. It was found that some increase in input was 
possible without encountering either of these limitations, and full advantage was 
taken of this fact to extend the working range. 

It might at first appear that the range of the meter could be further 
increased by weakening the flux of the braking magnet, thus allowing a higher rotor 
speed for a given input to the coils. In fact,the opposite is the case, for if the 
control exercised by the magnet were reduced, the effects of friction at low speeds 
would be more apparent while the effects of self-braking at high speeds would be 
unchanged. The working range could have been extended by increasing both the braking 
flux and the driving power, but for the limitation alre'ady imposed by the safe heat 
dissipation of the coils. 

In their original form the current coils required more than 20 A for full 
energisation. To obviate the necessity for a current transformer mounted close to 
the meter, or for cumbersome heavy wiring from the amplifier, the coils were rel'ound 
to an impedance of about 300 ohms, the current required being then only 130 mA. 

The maximum working speed of the meter disk is about one revolution per 
TLe dial I··::"-llings ere of C-CC'.J'''·3 i:.::.. arci-:-.rE.·l'Y -.ll'_O_:S ?nd tl:-:. ::C:,c', :'"'-'~r 
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required to give the mean s~herical res~onse is obtained by rotating the shaft through 
3600 while a~~lying a known and constant in~ut to the converter unit, thus simulating 
the effect of an omnidirectional loud~eaker. 

4.2. Converter. 

Fig. 6 shows the circuit of the converter unit. The in~ut signal is 
rectified by the germanium diodes CRl and CR2 and smoothed by the filter R3, Cl. 

100 

FS I 

IN OUT 
JK1 JK Z 

Fig, 6 - Converter unit. C i rcu i t d i ag ram 

TO POWER 
SUPPLY UMIT 

The frequency re~onse of the in~ut circuit is within ± ~ dB between 30 cls 
and 20 kc/so 

The conversion of the d.c. signal to a.c. is effected by a Type 3 Carpenter 
relay RL1A which is driven from a ta~~ing on the mains transformer of the a~~aratus 
and which applies the voltage developed across Cl alternately to each half of a 
transformer TR2. It was not ~racticable to use an ordinary vibrator for this 
function, for synchronism with the mains frequency was required; the asymmetry and 
contact bounce of ordinary relays leads to a shorter reliable life and excessive 
production of harmonics. To avoid unnecessary wear on the contacts, the relay coils 
are fed through a separate switch SW3 so that they need only be energised for the 
duration of each test. 

The inductance Ll together with ca~acitors C2 and C3 constitute a low-~ass 
filter intended to attenuate harmonics of the 50 c/s signal. The frequency response 
of this filter, shown in Fig. 7, was measured by applying a constant direct voltage 
across Rl and R2 and energising the relay coils from an oscillator of variable 
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Fig.7-· Converter unit. Response of filter 

frequency. The values of L1, C2 and 
C3 were so chosen as to minimise the 
effects of mains frequency variations. 

The maximum input level for 
the converter is about +20 dB and this 
gives a 50 cls output of about 5 V. 
The input impedance of the converter is 
approximately 600 ohms. 

4.3. Induction Generator. 

The induction generator is 
geared directly to the driving handle 
on the boom control, and makes 360 
revolutions for one revolution of the 
loudspeaker under test. The output 
from the generator during a measurement 
varies between about ~ V and 10 V. 
The only measurc:de deviation from 

~ strict proportionality between output, 
input and speed takes the form of a 
small voltage appearing at the output 
when the rotor is stationary. The 
phase of thi's spurious signal varies 
with the angular position of the shaft, 
so that compensation is impossible. 
The amplitude is however less than 
50 mV for maximum stator input, the 
resulting error is negligible unless 

the rotation of the loudspeaker is interrupted for a long period in the middle of a 
test and even so can be avoided by temporarily switching off the converter relay. 

4.4. Sine-Law Potentiometer. 

The function of the sine-law potentiometer is to weight the signal trans
mitted to the current coils of the integrating meter by a factor proportional to 
sin e While e varies between 0 and ~ (see Fig. 2(a)). To save time, it is desirable 
to sum the integrals from 0 to ~ and from ~ to 2~ in the course' of a ~ single complete 
rotation of the shaft, and to this end, the potentiometer is so constructed that the 
sine-law weighting remains positive for values of e between,~ and 2~. 

The wiper of the potentiometer is attached directly to the vertical shaft 
which supports the loudspeaker under test. It consists of a horizontal Tufnol plate, 
to the face of Which is attached a curved wire making contact with a fixed, linear 
resistance card (extracted from a wirewound potentiometer) mounted along a radius from 
the shaft. The incoming voltage is applied across the whole of the resistance and 
the contour of the contact wire is such that the fraction of this voltage tapped off 
is equal to I sin e I. 

The maximum input to the sine-law potentiometer is 50V. The maximum output 
depends upon the extent to which the respcnse of the loudspeaker-microphone combina-
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tion falls as the value of sin e rises. Before making a measurement, the gain of 
the amplifier feeding the sine-law potentiometer is so adjusted that the output from 
the potentiom~ter never exceeds 5 V. 

4.5. Turntable Unit. 

The turntable unit shown in Fig. 1 is not an essential part of the integra~ 
ting equipment, although it may be desirable to integrate and record polar diagrams 
simultaneously. A simple addition has however been made to the circuit, so that the 
unit can be used to perform an integration from data supplied by existing polar curves. 
The input terminals of the level recorder are supplied with a 50 c/s signal controlled 
by a hand-operated potentiometer, thus allowing the pen on the turntable unit to be 
set to any point along its line of travel; the same signal voltage is applied to the 
input of the integrating equipment. By rotating the boom control and following with 
an empty pen the line of an existing polar diagram placed on the turntable, the 
variations in response with angle can be reproduced and the integration carried out as 
if the loudspeaker concerned were actually on test. 

The hand-operated potentiometer referred to can be 'seen in Fig. 1 on the top 
of the turntable unit. In the present instance, it was not convenient to dispose the 
equipment so that an unaided experimenter could rotate the boom while following the 
polar diagram with the hand controlled pen; on the few occasions that this operation 
is carried out, the boom control would be turned by an assistant. 

4.6. Amplifiers. 

Rz R5 100 

R, 

'H~f+-+i-

Rg 100 

" J" 
OUT 
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Fig. 8 - Converter amplifier. C i rcu i t d i ag r am 
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Figs. 8, 9 and 10 show the circuit diagrams of the three power amplifiers 
which drive respectively the induction generator and the current and voltage coils of 
the kilowatt-hour meter. There is a certain basic similarity between these ampli
fiers, which was deliberately maintained in order to simplify servicing. The design 
was simplified by the fact that only 50 cis signals have to be transmitted. 

Each amplifier contains four valves·: a pair of CV 138s in a long-tailed
pair circuit, acting as phase splitter, and a pair of EL 41s in the output stage. 
Negative'feedback is used to preserve linearity and to stabilise gain, the feedback 
signal is applied to the grid of one of the phase-splitting valves, while the input 
signal is applied to the grid of the other. 

The overload point of the amplifiers feeding the integrating meter is 
adjusted in each case to protect the voltage and current coils against accidental 
over-running. 

4.6.1. Converter amplifier. 

This amplifier raises the level of the signal from the converter from 
approximately 5 V to a maximum of 50 V to feed the induction generator and sine-law 
potentiometer. The induction generator, which presents a partly reactive impedance, 
draws a maximum current of 0°17 A, corresponding to a power of about 6 W, the current 
drawn by the sine-law potentiometer is negligible by comparison. 

The amplifier circuit needs no special comment. Negative voltage feedback 
is derived from the secondary winding of the output transformer, the loop gain being 
approximately 20 dB. 

4.6.2. Voltage coil amplifier. 

The maximum input to the voltage coils is about 400 V and 60 mA, i.e. 24 VA; 
the impedance of these coils is largely reactive and the maximum dissipation is only 
about 4 W. To economise in amplifier power, the circuit was therefore tuned. 

It was at first intended to tune the coils with a series capacitor mounted 
in the meter case and so to avoid applying 400 V to the cords, jackfields, and 
tie-lines connecting the various parts of the equipment. The large phase shifts 
associated with the series tuned circuit, however, made it difficult to achieve 
stability in the feedback system. Eventually the coils were parallel tuned and fed 
by an external step-up transformer. 

As already stated, the magnetic circuits associated with· the voltage coils 
are non-linear and when a sinusoidal voltage is applied, the wave-form of the gap flux 
contains harmonics. To produce a pure flux wave-form, a voltage having an appropri
ately pre-distorted wave-form would have to be applied to the coils. This condition 
would in ordinary circumstances be brought about automatically by the use of feedback 
but cannot be achieved in the present instance because the coils, being tuned, must 
necessarily receive a substantially sinusoidal input. However, the presence of 
harmonics in the voltage coil flux does not influence the torque on the rotor of the 
meter as long as there are no corresponding components in the flux produced by the 
current coils. 
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The gain in the feedback loop is approximately 20 dB and the maximum input 
to the amplifier about 5 V. 

4.6.3. Current coil amplifier •. 

This amplifier must deliver up to 40 V and 130 mA to the rewound current 
coils. The associated magnetic circuit has a large gap so ·that non-linear effects 
are much smaller than in the case of the voltage coils. Moreover, with the large 
gap, the inductance of the circuit is low enough to make tuning unnecessary, so that 
the feedback is fully effective in reducing distortion of the flux wave-form. 

As in the case of the voltage coil amplifier, the loop gain in the feedback 
chain is about 20 dB and the maximum input, 5 V. 

4.6.4. Phase relationship. 

To obtain the maximum torque on the rotor of the integrating meter', the 
fluxes produced'by the two sets of drivin~ coils, and hence the input signals to the 
amplifiers which feed them, must be brought into quadrature. Apart from the small 
phase shift introduced by the induction generator, (less than 12°) the two inputs 
would normally be in phase, and to achieve the required quadrature relationship, 
simple R-C networks are used to advance the phase of one signal by about 45° and to 
retard the other by the'same amount. With this arrangement, the effects of any small 
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change in mains frequency are almost entirely self-compensating, the phase difference 
between the two signals remaining nearly constant and the increase of amplitude of one 
being offset in their product by the decrease in amplitude of the other. 

4.7. Power Supplies. 

Fig. 11 shows the circuit of the power supply unit. HT for all three 
amplifiers is provided by a series regulating circuit which gives a constant voltage, 
thus ensuring that the amplifier overload levels, once set, are accurately maintained. 

The energising coil of the Carpenter relay in the converter unit is fed from 
a tapping on the HT winding of the power transformer while the first voltage coil of 
the integrating meter, which provides the friction compensation, is supplied direct 
from the mains. 

4.8. Distribution Unit. 

The various pieces of equipment shown in the block schematic diagram of 
Fig. 3 are connected together through the distribution unit which appears in Fig. 1 
between the boom control and the integrating meter. Fig. 12 shows the internal 
connections of this unit. Two a.c. voltmeters mounted on the front panel show the 
input to the voltage and current coils of the integrating meter. These meters must be 
watched by the operator, so that he can ensure that the maximum working levels are not 
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exceeded. The input to the current coils is determined only by the circuit gain and 
by the polar characteristics of the loudspeaker. The input to the voltage coils, 
however,is proportional not only to the response of the loudspeaker but to the rate 
at which it is being rotated. Advantage can be taken of this effect by rotating the 
loudspeaker faster when the response is seen to fall, wide variations in the input to 
the voltage coils can thus be avoided and errors due to non-linearity reduced. 

The distribution unit also contains a variable resistor connected in series 
with the first voltage coil of the integrating meter and used as a pre-set adjustment 
for the friction compensation, the step-up transformer which feeds the second and 
third voltage coils, and a C-R circuit used to correct the feedback characteristic of 
the associated amplifier. 

5. CONCLUSION. 

The apparatus described considerably expedites the computation of the mean 
spherical response of a loudspeaker or microphone. The time taken for the integration 
process is little more than that required to record, on automatic polar plotting 
devices, the information on which such a· computation could be based. 

It is hoped that the data obtained with this equipment will facilitate the 
objective assessment of the performance of loudspeakers and microphones under practical 
conditions of use. 
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