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Preface
This addition to the successful Nevvnes Pocket Book Series
has been compiled to provide comprehensive and concise
information on all aspects of high fidelity sound reproduction.
It is intended to appeal to the practising engineer, technician
and dealer specialising in this field ; to the home constructor
and enthusiast desiring a better understanding of the design
and functioning of his equipment; and to the music lover
wishing to appreciate the full possibilities of home sound
reproduction. The glossary at the end of the book will be
of special help to the enthusiast or music lover who is not
too well informed technically.
Introductory chapters on the nature of sound and its
reproduction are followed by sections giving basic informa
tion, and illustrating latest practice, on power amplifiers
and pre-amplifiers. Similar treatment is given in following
sections to radio tuners, both a.m. and f.m., and loudspeakers.
Since high quality interference-free reception is usually
possible only with f.m. broadcasting, v.h.f./f.m. tuners and
aerials have received careful treatment. The various forms
of stereophonic broadcasting are described. Disc recording
and reproduction, monophonic and stereophonic, and mag
netic tape recording are dealt with. After a special section
on power supply units, the book closes with a selection of
useful data in which is to be found valve data ; information
on colour codes ; the use of the decibel, etc.
The author wishes to express his deep appreciation of the
willing help and co-operation of the firms and individuals
who have helped in bringing this book to fruition.
W. E. Pannett
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1
PRODUCTION AND PROPAGATION
OF SOUND
All sounds originate from a source of vibration. To take
familiar examples, sound is emitted from a tuning fork when
it is struck or from the string of a musical instrument when
it is plucked or bowed and set in vibration.
Sound is propagated through gaseous, solid or liquid
media by wave motions, which are subject to reflection,
refraction and diffraction. In many respects sound waves
are similar to water waves. But there is this difference :
waves in water move up and down on the surface, trans
versely to the direction of travel; sound waves move out
longitudinally in the same direction as the line of travel.
For this reason water waves are classed as transverse waves
and sound waves as longitudinal waves.
Velocity of Sound
It is a common experience that sound takes a definite
time to travel. An appreciable time elapses between seeing
a distant gun flash and hearing the report, and a lightning
flash is seen before the thunder is heard. Newton was the
first to show that the velocity of a longitudinal wave in a
gaseous medium is determined by its modulus of elasticity
and its density. In air the velocity of sound at a normal
temperature of 15° C. is 340-9 metres (1,120 ft.) per
second. This velocity varies with temperature, but is un
affected by changes in density and pressure while the
temperature remains constant. For practical purposes the
velocity may be taken as increasing by 2 ft./sec. per ° C.
of temperature.
1

Reflection, Refraction and Diffraction of Sound
Sound, like light, is reflected from a solid surface in
accordance with the laws of reflection, the angle of reflection
being equal to the angle of incidence, as represented in
Fig. 1. It is also subject to diffraction or dispersion outwards

iI
iI
i
iI
i

1

REFLECTED WAVE

ANGLE OF REFLECTION
ANGLE OF INCIDENCE

INCIDENT WAVE

Fig. 1. Reflection of sound
waves.

from its line of travel. A sound emanating from the
doorway of a room can be heard round the corner outside,
even in the absence of reflecting surfaces. Sounds of low
pitch (long wavelength) disperse more readily than those of
\ ^WAVE FRONT
.-''^DIRECTION OF
\ PROPAGATION

SOUND
SOURCE

y//////////////////////////////yy////////////'
Fig. 2. Refraction of sound waves.

high pitch (short wavelength). The bass notes from a
conical loudspeaker can be heard over a much wider angle
than the high treble notes.
Refraction, or bending from the straight line of propaga2

tion, is caused by variations in velocity with temperature at
different levels. This happens, for example, when the air
near the earth’s surface is hotter than the air above. The
lower edge of the wavefront travels faster than the upper
edge, so that the direction of propagation is gradually bent
upwards, as shown in Fig. 2. A similar effect is produced
when the wind velocity above the earth’s surface is higher
than the velocity near the surface, but in this case the
deviation is downward.
Frequency and Wavelength
Sound is a vibration of the air particles, associated with
minute variations of pressure, which are set up by a vibrating
source. Alternate bands of compression and rarefaction are
i“—*-“*1
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5\ 16/ TIME MILLISECS

l
I

Fig. 3. Three cycles of a sound wave. Frequency 500 c/s.
forced outwards from the source in the form of waves so
long as the vibration is sustained. Each complete variation,
increasing from zero to a maximum of pressure, reversing
through normal and decreasing to a minimum and back
again, constitutes one cycle, and the number of cycles occur
ring every second is the frequency. The distance traversed
by a wave in one second, or the distance between one peak
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Table 1.—Wavelengths of Sound at Representative
Frequencies in the Audible Range
Frequency, c/s
Wavelength, ft

20

50

56 00 22-40

100

500

1,000

5,000

10,000

15,000

20,000

11-20

2-24

1-12

0-22

0-11

0-75

006

/AAV
/x\x
yrr
XX//
S

UJ

s

(b)

o
3

DISTANCE IN WAVELENGTHS

Fig. 4. Production of standing sound
waves.

of pressure and the next is the wavelength (see Fig. 3).
Wavelength varies directly as the velocity and inversely as
the frequency, or:

\=v)f
4

where A=wavelength, ft. ; a=velocity (1,120 feet per second
in air at 15° C.) ; /=frequency, cycles per second (c/s).
Standing Waves
Two sound waves of equal amplitude and frequency
travelling in opposite directions produce a stationary wave
with an amplitude twice that of either of its components.
This condition occurs when a sound is reflected backwards
from a plane surface towards the source. In Fig. 4 the dotted
line curves represent two waves moving in opposite directions
at successive intervals of time corresponding to one-eighth
of a cycle. The full line curve is the resultant obtained by
adding the ordinates of the component waves.
At (a) the two waves are in phase and the resultant
amplitude is twice that of each component wave. At (b)
one component has moved J-A to the right, while the other
has moved the same distance to the left. At (c) each com
ponent has moved a total distance of £A or £A in relation to
each other. They are now in opposite phase and neutralise
each other. At (d) and (e) the waves pass through the same
series of changes, but in reverse. This sequence is repeated
once every cycle. The full line at (/) shows the amplitude
of the resulting stationary wave at one particular instant of
time and the dotted line its amplitude half a cycle later.
The stationary wave has no forward movement of its own.
It merely changes in amplitude from a positive maximum
to a negative maximum and back again once every cycle, as
shown by the chain dotted line. At the nodes, where the
amplitude is zero, no sound is heard, while at the antinodes,
or maxima, the intensity is doubled.
Interference
Interference effects are observed when two sources of
sound of the same frequency, placed a short distance apart,
are heard at certain points where the waves reach the ear
in different phase.
This phenomenon can be demonstrated in various ways.

5

Fig. 5 (right). Interference between
sound wave trains.

Fig. 6 (belozv).

SPACED
LOUDSPEAKERS

Reverberation time.
^ CESSATION OF
l ORIGINAL SOUND

O

z

S

s3
UJ

-J.

-60

TIME, SECS
.-STEADY
SOUND

.REVERBERATION
TIME

Fig. 5 represents two loudspeakers, each emitting a pure
tone of, say 1,000 c/s, and in phase with each other. At
any point P along a line midway between the loudspeakers,
the two sound waves, reinforcing each other and increasing
the sound intensity, will reach the ear at the same time in
phase. At another point Q, where the path lengths differ
by half a wavelength, a wave of compression will coincide
with a wave of rarefaction, the waves will neutralise each
other, and the sound will be heard feebly or not at all.
Reverberation
The walls, ceiling and floor of a room reflect sound to a
greater or less degree, depending on the sound-absorbent
properties of the surfaces. When the complex to-and-fro
reflections follow sufficiently close on the direct sound to
merge and give the impression of continuity, they are heard
as reverberation. Excessive reverberation blurs the definition
and mars the intelligibility of speech ; insufficient makes
music sound dull and lifeless.
6

The acoustics of a room are determined chiefly by its
reverberation time. This is defined as the time taken for
a sound to decay by 60 dB (one-millionth of its original
intensity), as in Fig. 6, or for all practical purposes to in
audibility, after the original sound has ceased. The rever
beration time of studios and concert halls is controlled by
applying materials having a high acoustic absorbent co
efficient, such as Celotex panels, to the walls and ceilings.
Reverberation time generally varies from one-quarter second
—for talks studios—to over two seconds for very large concert
halls. A suitable reverberation time for a medium-size livingroom is about three-quarters second.
Absorption is several times more effective at high fre
quencies than at low frequencies. The larger the area treated
with absorbent material, the shorter the reverberation period.
For rooms and halls of moderate size the reverberation
time can be assessed by using the following formula, due to
Prof. W. C. Sabine, after whom the unit of acoustic
absorption has been named :
T=0-05 V/A
where T= reverberation time, sec. ; F=volume of room,
cu. ft. ; ^4=total absorption, sabins.
Walls, ceilings, furnishings and draperies have different
absorption coefficients, which must be taken into account
separately. The total absorption in sabins is found by
adding the products of each surface area and its absorption
coefficient, thus :
A=alA1-\-a2A2-\-a3A3-\- . . .
The absorption coefficient is the fraction of incident sound
energy absorbed by a material at any particular frequency.
The unit of absorption, the sabin, is equal to 1 sq. ft. of
surface having a coefficient of unity, or which is theoretically
wholly absorptive. Comprehensive tables of absorption co
efficients for constructional and other absorptive materials
are to be found in the various textbooks on Acoustical

7

Engineering or in D.S.I.R. Post War Building Studies,
Sound Insulation and Acoustics, published by Her Majesty’s
Stationery Office.
Eigentones
*

When reflection occurs between the parallel walls of a
room, standing waves are set up by the interaction of the
incident wave and the returning reflected wave. A parallelwalled room will resonate in this way if a loudspeaker is
directed at right angles to one of the walls, at frequencies
for which the spacing between the walls is equal to half,
and integral multiples of half, a wavelength. Subsidiary
resonances will also occur for the diagonal dimensions.
These resonances are known as eigentones. The frequencies
at which they occur are equal to
v\2d, 2v/2d, Zv\2d, etc.
where v is the velocity of sound and d the spacing between
walls.
To take a simple example, a rectangular room 16 ft. x 14 ft.
will set up resonances at frequencies of 35, 70, 105 c/s ; 40,
80, 120 c/s, and so on.
These resonances are most pronounced in a room of cubic
dimensions. The effect can generally be reduced in any
rectangular room by locating the loudspeaker crosswise in
a corner to randomise the reflections.
Subjective Factors of Hearing
A given increase in sound intensity appears to the ear
greater at low levels than at high levels. According to
Weber’s Law, the increase in stimulus necessary to produce
the smallest perceptible increase in sensation is proportional
to the pre-existing stimulus. In other words, the increase
in intensity required to produce the same effect on the ear
at different levels is proportional to the logarithm of the
intensity. On a logarithmic scale increments are represented
by distances which are proportional to the logarithms of the
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Fig. 7. Fletcher-Munson equal loudness contours.

Fig. S. Rohinson-Dadson equal loudness contours.

numbers, distances from 1 to 10, 10 to 100, 100 to 1,000
etc., all being made equal. The unit employed for these
10 to 1 ratios is called the Bel, but a more convenient practical
9

unit is the decibel (dB), or l/10th of a Bel. It is important
to notice that the decibel is not a unit of quantity, but a
ratio used as a measure of the difference of two quantities
or of the magnitude of one quantity in relation to some
standard of reference. Thus, increases of power level of 10,
20 or 30 dB represent relative differences of 10/1, 100/1 and
1,000/1 respectively.
These characteristics of human hearing are well illustrated
by the Fletcher-Munson audibility curves (Fig. 7). From
these curves it is seen that the ear is sensitive to sound
between two limits of intensity. The lower level at which
sound is just audible is known as the threshold of hearing ;
the upper as the threshold of feeling. At the upper limit
the sensation of hearing merges into one of pain. It is also
apparent from these curves that the range of frequencies
that can be perceived depends on the intensity level.
The Fletcher-Munson curves have been generally accepted
as the standard of reference since their publication in 1933.
More recent experimental determinations by Robinson and
Dadson show a slight divergence of the contours (see Fig. 8),
although the basic shapes are the same.
Fletcher’s statistical experiments have shown that some
90 per cent of persons are able to perceive frequencies
extending from about 20 to 15,000 c/s at high intensities ;
5 per cent, mostly young people with abnormally acute
hearing, have a frequency response of 16 to 22,000 c/s. The
range gradually deteriorates with age and the remaining
5 per cent, mostly older people, have a restricted response
of 25 to 7,000 c/s. Another factor which limits the frequency
range to which the ear is sensitive is the degree of background
noise present.
Characteristics of Musical Sound
Before considering what distinguishes one kind of sound
from another, it is necessary to recognise the difference
between noise and musical sound. Noise is propagated by
a wave of irregular form and no definite frequency, while
10

a musical sound has a regular waveform and a definite
frequency or combination of frequencies.
The three characteristics of a musical sound are loudness,
pitch and timbre (or quality).
The loudness of a sound depends on the wave intensity.
Intensity varies as the square of the amplitude of vibration
of the air particles, and is measured at any given point by
the rate at which energy is delivered there per unit area
(energy/sq. cm./sec.) or, for purposes of comparison of power
level, in decibels referred to a zero level of 1 milliwatt.
Pitch in music is synonymous with frequency in physics
and engineering. The musician defines it by the notes of
the musical scale and the physicist measures it by the number
of vibrations per second of the wave. The greater the
frequency, the higher the pitch.
Although two notes may have the same pitch and intensity,
they may differ in quality. Notes produced by a bowed violin
string sound quite different from identical notes played on
a flute. This qualitative difference is known as a difference
in timbre, and is due to the fact that no note is a simple
vibration, but contains weaker vibrations of higher frequency.
These subsidiary tones, which are exact multiples of the
fundamental frequency, are known to musicians as overtones
or partials, and to engineers as harmonics. Thus, a second
harmonic (the first octave) has twice the fundamental fre
quency, the third harmonic three times the fundamental
frequency, and so on. It is the number and intensity of the

i
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Fig. 9. Notes and frequencies of the standard piano keyboard.
H.F.P.B.—2
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Table 2.—Fundamental Frequency Ranges of
Orchestral Instruments
Range

Instrument

Bassoon
Bass violin
’Cello .
Clarinet
Flute .
Harp .
Horns

(c/s.)

65-650
40-750
70-1,600
140-1,900
290-2,100
40-3,300
65-700

Instrument

Oboe
Piccolo
Trombone
Trumpets
Tuba
Viola
Violin

Range
(c/s.)

270-1,800
510-4,000
70-500
195-1,050
50-420
140-2,200
200-2,900

harmonics that give a note its distinctive quality. If the
harmonics are few and feeble, as in the flute, the note is soft
and mellow; if they are strong up to the fourth or fifth,
as in a Stradivarius violin, the note is rich. The presence
of still higher harmonics contributes a sharp, metallic quality
to the sound.
The range of fundamental tones covered by the standard
piano keyboard, as shown in Fig. 9, is 27-5 to 4,186 c/s, but
the harmonics extend to 10,000 c/s. For a full orchestra it
is about 30 to 4,500 c/s, the harmonics extending to 14,000 c/s.
The fundamental ranges of the chief orchestral instruments
are given in Table 2.
For realistic reproduction of music it is generally held
that the rendering of harmonics up to and including the
third is sufficient. On this basis, since the highest funda
mental tones of most musical instruments do not exceed
5,000 c/s, the upper limit for a high standard of musical
reproduction is 15,000 c/s.
The Musical Scale
When two musical notes differ in pitch, the ratio of their
frequencies is known as the difference between them. For
example, the frequencies of C and G of the natural scale
are respectively 256 and 384 c/s and their interval is 384/256
=3/2. Two notes which have a simple frequency ratio,
12
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such as 2/1, 3/2, 4/3, 5/4, when played together, are called
the octave, the fifth, the fourth, the major third and so on.
Three notes having the frequency ratios 4, 5, 6, when played
together, constitute the major chord, which has a pleasing
harmonious sound. In the major diatonic scale there are
three major chords : C, E, G ; F, A, C1; G, B, D1, and
it is on this basis that modern scales have been developed.
Several standards of pitch have been used in the past.
In the standard now internationally adopted, middle C is
taken as 261-6 c/s and international A is 440 c/s. In Physics,
middle C is 256 c/s.
In order to make it possible to play instrumental music
in different keys, it was found necessary to compromise on
the frequency ratio of the whole tones and semitones of the
natural scale. Accordingly, the frequencies of successive
whole tones on the equally tempered scale have a common
ratio of 1-122 as compared with 1-125 on the natural scale,
irrespective of the pitch. The ratios and frequencies of the
notes in the middle octave of both scales are as given in
Table 3.
Two successive semitones on the natural scale have a
frequency ratio of 1-112 and on the equally tempered scale
1-0596. To illustrate the application of these principles, if
C is taken as 261-6 c/s, the frequencies of C#, F and B[?
on the equally tempered scale will be :
Cjf=261-6x 1-0596=277-2 c/s
F=261-6x 1-335=349-2 c/s
Bb=261-6x 1-888x1-0596=523-3 c/s.
The sequence of octaves is found by successively doubling
the frequency, thus :

Frequency, c/j

C4

C3

c.

C,

C

C1

C2

C3

cx

16

32

64

128

256

512

1024

2048

4096
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SOUND REPRODUCTION
At the present time there are three main sources of highfidelity sound available for domestic entertainment: radio
broadcasting, disc and magnetic tape recording. The de
velopment and extension of frequency modulated broadcast
ing services on the very high frequencies have made it
practicable to achieve a transmitted frequency response level
to within 1 dB over the whole audible range of 20 to
15,000 c/s, provided that suitable “ music lines ” are used
between studio and transmitter. Also possible are a greatly
improved signal-to-noise ratio and the virtual elimination of
local interference from electrical appliances.
The advances in the art of sound recording provide the
musical enthusiast with the alternative of being able to select
at leisure his favourite items from a repertoire or library of
high quality recordings. With the improvements in disc
and tape reproducing equipment it is possible to attain a
frequency response substantially flat between 20. and
15,000 c/s, attended by a marked reduction of distortion
and an appreciable increase in the volume range.
Tape and Disc Reproduction
Reproduction from pre-recorded tape compares very
favourably with that from good disc recordings. There is
little to choose in first cost between a semi-professional tape
deck and a high-grade record player, if it incorporates a
diamond stylus.
In favour of disc reproduction are the greater range of
recorded music by the foremost artists, past and present,
which has become available during many years of production,
15

and the much lower relative cost of disc pressings compared
with pre-recorded dual-track magnetic tape. The only way
of duplicating tape recordings is the relatively slow one of
playing through from beginning to end. Although they
can be processed at several times normal playing speed, the
operation may still take several minutes, compared with the
few seconds required to stamp a Vinylite disc. Discs can be
changed and replayed more quickly ; tape must be rewound
each time before replaying. Less amplification and correction
for deficiencies of frequency response are necessary for disc
than for tape reproduction. With normal care, discs do not
deteriorate in storage, whereas coiled tapes are liable to
become degraded by “ printing through ”, particularly under
conditions of high, ambient air temperature.
The chief advantage of magnetic tape is that home record
ings can be made and edited without professional skill much
more easily and cheaply than is the case with discs. Once
made, they are less subject to deterioration from wear, and
can be replayed an almost indefinite number of times.
Alternatively, the recordings can be simply erased, and the
tape used again for fresh recordings at no extra cost. The
cost of magnetic tape recording has been cut by the
introduction of four-track working.
Many of the inherent disadvantages of disc reproduction
are non-existent in tape reproduction. In the first place,
t e stylus of the disc player is a mechanical device, possessing
mass, however small. The inertia to be overcome at the
*g velocities incurred in tracing the modulation pattern
and t rCC
groove is quite appreciable. Tape recording
^ repro uction are purely electromagnetic processes, which
at co° !ntr°duCe rnec^anical resonances. Since discs rotate
decrease301
hnear velocity relative to the stylus
grooves^ Si?eac^ as the stylus moves towards the inner
is likely t Cre cornPresSi°n °f the recording characteristic
sPeed, on tPr°duce distortion on fortissimo passages. Tape
to monitor th 0t^er hand, is constant throughout. In order
e quality of a disc recording, it must be played
16

back, whereas tape can be monitored during the actual
recording.
It is also a simple matter to cut and splice tape for editing
purposes. Tape recordings are subject to less frictional wear
and accidental abrasion, cannot be mutilated by jolting the
pickup across the grooves and do not attract dust. Surface
noise is low and does not increase with repeated playing, as
it does with discs. Maintenance is easier and cheaper and
there is no costly periodical replacement or re-grinding of
the stylus.
Deficiencies of Reproduction
No system of sound reproduction can as yet claim to
produce a truly faithful replica of live sound. First, the ear
discriminates not only between the loudness, pitch and
quality of sounds, but also their direction and position.
Systems built around a single sound channel can render
faithfully the first three of these characteristics, but they fall
short of giving the directional and spatial illusion of move
ment and the relative position of sounds, although stereosonic systems, which simulate the binaural principle of
hearing by the use of two or more channels, come very close
to the ideal.
Most of the deficiencies of reproduction fall under the
general heading of distortion. The realism of a performance
can be assessed either subjectively or objectively. By sub
jective assessment is meant the judgement of quality and
realism on aesthetic grounds or by critical, careful comparison
with listening experience of live performances. On a sub
jective basis, reproduction has at present to be specified
qualitatively by the use of such terms as strident, mushy,
muffled, booming and so on. It presents the difficulty that,
by definition, it varies with the aural sensitivity and personal
preferences of the individual. Nevertheless, subjective
criticism of the reproduced sounds must be considered
the final arbiter in the assessment of equipment by the
individual.
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Objective determinations of distortion are based on quanti
tative laboratory analysis and measurements, from which
accurate specifications or records of performance can be
prepared. The principal deficiencies of reproduction on
which these tests are made are: frequency response;
amplitude distortion ; harmonic distortion ; intermodulation
products ; phase distortion ; transient distortion ; volume
distortion ; noise and hum.
Other factors, not easily measurable, also have to be taken
into account, such as room acoustics and listening position.
The assessment of quality is therefore very much a personal
matter and the subjective aspect must always be the final
criterion.
Frequency Response
Frequency distortion in an audio frequency system is a
disproportionate reproduction of frequencies or a deviation
of gain with frequency. The frequency response of a system
is depicted by a frequency response curve, which, for highfidelity equipment, usually embraces a range of 16 to
20,000 c/s. Fig. 1 shows a typical response characteristic
for an audio frequency amplifier. Power or voltage gain is
plotted against frequency to show the variation in output
with a constant input voltage. There is invariably some loss

FREOUENCY

c/4

Fig. 1. Typical frequency response curve for a 10-wat.t
high quality audio amplifier.
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(6)
or “ roll off ” at the upper and lower extremes of the
frequency range, and there may also be a rise or dip in gain
in the middle portion.
The equipment required for measuring frequency response
is relatively simple : an audio frequency oscillator to cover
the necessary frequency range as a signal source, two high
resistance a.c. voltmeters and an attenuator. The arrange
ment is shown schematically in Fig. 2 (a). The output of
the oscillator is connected to the input of the amplifier
through the attenuating network, and the amplifier is loaded
with a resistance equal in value to the output resistance.
Before taking measurements, the voltmeters should be
checked by connecting them in parallel across the output
of the signal generator and comparing their readings at, say,
half and full scale. Since the information to be obtained is
the ratio of the output to the input voltages, accuracy is not
important, so long as the readings are identical. The two
voltmeters may then be connected across the outputs of the
generator and the amplifier respectively.
The attenuator consists of a high series resistance and a
shunt resistance equal in value to the input resistance of the
amplifier, as shown in Fig. 2 (b). For a given set of working
conditions, the required series resistance can be computed
from :
R=R,(EJE,-\)
where i?5=series resistance, ohms ; Rt=shunt resistance,
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ohms ; £0=output voltage of generator ; 2?,=input voltage
of amplifier necessary to produce full output.
Since frequency response measurement is a step-by-step
process, it does not give a true picture of dynamic working
conditions, and therefore of the performance on transient
sounds.
Another point often not sufficiently appreciated is the
difference between frequency response and frequency range.
Modern equipment can cover the full audible frequency
range, yet the response may be far from uniform. A system
that has a limited but uniform frequency coverage is often
more acceptable to the ear than a full range system lacking
uniformity.
Amplitude Distortion
Amplitude distortion is present whenever a variation in the
proportion of the output-to-input amplitudes occurs in a
system. The variations in amplitude from the pure sine
waveform produced by non-linear characteristics of ampli
fiers, loudspeakers, pickups and tape recording heads are
familiar examples. But these fall more properly under the
heading of harmonic distortion.
Harmonic Distortion
A distorted sine wave can be shown, by Fourier analysis,
to consist of a pure sine wave of fundamental frequency,
plus a series of harmonic components, which are integral
multiples of the fundamental frequency. Any departure
from the pure sine waveform between the input and output
of a sound reproducing system introduces harmonic distor
tion. This kind of distortion arises from non-linear ampli
fication, mechanical and electrical limitations and resonances
in loudspeakers, microphones, pickups and other circuit
components.
Fig. 3 {a) illustrates how the distorted waveform resulting
from working beyond the lower limit of linearity of the grid
volts/anode current characteristics of a valve can be resolved
20
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Fig. 3. Production of 2nd and 3rd harmonics by non
linear amplification.

into a wave of fundamental frequency with a superimposed
second harmonic of twice the frequency. Similarly, Fig. 3 (£)
shows how a third harmonic is produced by extending the
working range into both the upper and lower limits. Re
versing the process in these simplified examples, it is easy
to see that if the two components are recombined by adding
together their ordinates, the original waveform is obtained.
Harmonic distortion is commonly specified by the total
harmonic content, expressed as a percentage of the funda
mental. The total content is the r.m.s. value of the sum of
the squares of the individual harmonic voltages.

vtM=Jvx'+v%'+v*+ . . •
For example, if a waveform contains 3 per cent second
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harmonic, 1 per cent third and 0-5 per cent fourth, the total
harmonic content is :
V32-f-l2-{-0-52=3*2 per cent.
One way of measuring the total harmonic content is to
use a distortion factor meter, but it is often more useful to
know the percentage values of the individual harmonics
present. The requirements for this purpose are an audio
frequency oscillator, a harmonic analyser and, if the generated
waveform is impure, a band-pass filter to eliminate harmonics.
A harmonic analyser is essentially a variable frequency
50''X'
A.C.

A.F.
OSCILLATOR

B.P.
FILTER

AMPLIFIER
UNDER TEST

HARMONIC
ANALYSER

Fig. 4. Measurement of harmonic distortion.
filter, capable of stopping all but a selected harmonic, and
an a.c. voltmeter. The equipment is connected as shown
in Fig. 4. Assume that measurements are to be made on
a fundamental frequency of 1,000 c/s. The oscillator is tuned
to deliver a pure 1,000 c/s tone to the amplifier under test
with the amplifier output connected to the analyser, and the
analyser is adjusted to give full scale reading at this frequency.
It is then adjusted successively to the second, third, fourth
and higher harmonics (2,000, 3,000, 4,000c/s, etc.), voltmeter
readings being taken at each step until readings are too small
to discriminate. These readings are expressed as percentages
of the full scale reading for the fundamental.
1 per cent of second harmonic (the octave) is scarcely
distinguishable as a harmonic tone, but harmonics of higher
order and the same percentage are easily perceived. The
harmonic content is invariably greatest at the upper and
lower extremes of the frequency range. For a high quality
amplifier the total content should not exceed 0-5 per cent
at any frequency and is often as little as 0-05 per cent at
1,000 c/s.
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Intermodulation Distortion
Although a low harmonic content may not of itself affect
the reproduction adversely, intermodulation products pro
duced by harmonic inter-action with other primary tones
can set up unpleasant discordant effects. Whenever two or
more frequencies are present simultaneously in a non-linear
device, the output will contain sum and difference frequencies
of the primary frequencies in addition to the originals. For
example, two frequencies of 1,000 c/s and 200 c/s will interact
to produce two new frequencies of 1,200 and 800 c/s. Many
A.C.'

20 C/S
OSCILLATOR
AMPLIFIER
UNDER TEST

A.C.'

HARMONIC
ANALYSER

20 kc/s
OSCILLATOR

Fig. 5. Measurement of intermodulation distortion.
frequencies are present in musical reproduction, but the
spurious frequencies generated by intermodulation are
seldom harmonically related to the originals, and the resulting
reproduction has a harsh and tinny sound.
The measurement of intermodulation distortion is made
by applying a combination of two tones to the amplifier, one
at a high frequency, say 10,000 c/s, and the other at a low
frequency of, say 40 c/s, in the amplitude ratio of 1 to 4 and
measuring the unwanted sum and difference frequencies
present in the output with a harmonic analyser, as shown
in Fig. 5, in the same way as for harmonic distortion. Then
the intermodulation distortion is given by :
D per cent=100(Fmax. —Emin) I(Emax.+Emin)
where Emax and Emin are respectively the greatest and least
amplitudes of the distorted high frequency tone. Since
harmonic and intermodulation distortion increase rapidly as
the output power is raised, however, the value thus obtained
is of little practical use unless it is specified with reference
to either the peak or average power output. Peak power is
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usually computed for the condition when the peak amplitudes
of the two tones coincide and the peak voltage is the sum
of the peak values (Fig. 6). Average power is the sum of
+
E,P

iE/2p
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8
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5

TIME

TEST TONE

Emax

Emin

M

A

UNDISTORTED HIGH TONE \
HIGH TONE DISTORTED BY
INTERMODULATION

Fig. 6. Formation of intermodulation
distortion.

the separate powers developed by each tone. Then, since
the power delivered to the load resistance is equal to
(voltage)2/resistance, the peak power output is as follows :
Peak power

p

-)7s

(E\p+E
-V2
=(E1p+E2p)*I2R

Average power P0,=(^) / R+(^j /R

=(V+V)/2«
where Elp, E2p=ptdk voltages of the two tones respectively,
and R=load resistance, ohms.
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Intermodulation distortion is noticed by the average
listener only when it exceeds 2 per cent of the peak power.
Transient Distortion
This form of distortion is heard in the reproduction of
impulsive sounds having a steep wavefront and no clearly
defined frequency. The effect is most noticeable with
percussive instruments, such as cymbals, kettledrums and
plucked strings. It occurs if the system lacks “ attack ” and
the growth and decay of the signal are reproduced at a
slower rate than the original. Ideally, in order to respond
to the sharp rise in amplitude of transients, the system
should have a frequency range in excess of the normal
harmonic range.
Good transient response is characterised by incisive attack,
crispness and absence of resonance or tendency for the sound
to persist or ring. Common causes of poor transient response
are incorrect time constants of circuit components, high
frequency resonances and inertia, coupled with excessive
compliance of the moving parts of loudspeakers, pickups
and other electro-mechanical devices.
Amplifiers are usually tested for transient distortion by
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applying a square wave input and viewing the amplifier
response on an oscilloscope.
Phase Distortion
Whenever reactance and resistance are present in a circuit,
a phase shift occurs between two tones of different frequency.
This is equally true of the fundamental and harmonic com
ponents of a single musical note, although it is not usually
discernible to the ear. A phase shift can take place if a
circuit contains a filter consisting of reactive and resistive
elements, or if energy is fed back spuriously from the output
to the input of an amplifier stage. Although controlled
negative feedback or feedback in reverse phase is beneficial
in combating other forms of distortion, varying degrees of
phase shift between complex musical tones can create tonal
unbalance.
An example of acoustical phase distortion has been men
tioned in connection with the interference of sound waves.
Two loudspeakers spaced a short distance apart and radiating
in phase will be heard out of phase at certain points where
there is a difference in the lengths of the two paths between
the sources and the listener. At points where a maximum
of pressure from one source meets a minimum from the
other cancellation of sound will occur. Similarly, where
two maxima or two minima coincide, the sound will be
reinforced. The general effect on reproduction at points
where the phase difference is intermediate between these
two extremes is to mar the clarity and definition.
Volume Distortion
When sound is reproduced at a higher or lower level than
the original, some of the realism is lost. Speech reproduced
at a higher level than spoken sounds unnatural and heavy,
and lacks crispness. Too low a level with music subdues
t e extreme treble and bass tones. The reason for this can
e seen by referring to Fig. 7, Section 1. At low audibility

26

levels the ear is most sensitive to tones in the region of
2,000 to 2,500 c/s ; the sensitivity diminishes rapidly towards
the upper and lower frequency limits.
Volume compression is another example of disproportion
ate reproduction of volume. In broadcast transmission and
recording it is necessary to restrict the input volume level
on fortissimo passages in order to prevent overloading.
Similarly, pianissimo passages must sometimes be artificially
raised to bring them above the general noise level of the
system. Volume compression at the source produces corre
sponding variations of volume in the reproduction. But this
is not the only effect. The tonal quality changes with the
volume. A loud note, rich in overtones, attenuated to sound
like a soft one, undergoes a change in its harmonic content
and loses some of its brilliance ; a soft note boosted to sound
like a loud one does not sound so mellow. Volume expansion
circuits, devised to restore automatically the original levels,
have not proved very successful in practice, and the best
that can be done is to compromise by adjusting the tone
and volume controls to strike a pleasing balance.
Noise and Hum
Noise is the total noise from all sources in the system,
heard as a continuous background of mush or hissing. It
originates partly from external sources and partly from with
in the system. Extraneous noise is picked up from nearby
electrical appliances, a.c. hum and microphony (see page 31)
and, on radio, by interference from unwanted stations and
atmospherics. System noise is heard at a constant level and
sets a definite limit to the amount of amplification that can be
used. It is a combination of noise from two distinct sources :
(a) thermal agitation or circuit noise (Johnson Effect) and
(b) valve noise (Shot Effect).
Circuit noise has its origin in any circuit containing re
sistance, and is the result of countless, minute random
voltages associated with electron agitation, which have, in
the aggregate, a constant r.m.s. value. It increases with
H.F.P.B.—3
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temperature and resistance and, since it is distributed evenly
over the whole frequency spectrum, it varies with the band
width. Thus, an amplifier with a wide response range will
have a higher noise level than a more selective one.
The simplified formula for the r.m.s. value of the noise
voltage at normal room temperature is :
£=l-26xlO-10\/A^
where E=r.m.s. value of noise voltage ; 7?c=effective re
sistance of circuit, ohms ; A/=frequency band-width, c/s.
Table 1.—Equivalent Thermal Agitation Noise
Resistance
Thermal Agitation Noise Resistance

Circuit Element
Resistor, R
Resistors, Rlt R2 in series
Resistors, i?lf R2 in parallel
Tuned circuit at resonance
Coupled aerial circuit .

R
R1+R2
RiR*/{Rx+RJ
wLQ=Q/cjC
n*Rr

L=tuned circuit inductance, henries ; C = tuned circuit capacitance,
farads; Q = circuit magnification factor ; oj=2irX frequency ; /^vol
tage step-up ratio ; Rr = radiation resistance of aerial.

Valve noise is produced by the impact on the anode of
the individual electrons which form the anode current. It
is generally expressed in terms of an equivalent resistance
which, when connected across the input of the valve, would
generate an equal noise voltage in a noiseless valve, and is
calculated from the same formula as circuit noise. Hence,
the total system noise is obtained by adding together the
effective circuit resistance and the equivalent valve noise
resistance.
E,=l*26xl0-10\/Af(Rc+Rv)
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Table 2.—Equivalent Valve Noise Resistance
Amplifiers and Mixers
Circuit
Triode amplifier
Triode mixer
Pentode amplifier
Pentode mixer
Multi-grid mixer

of

Noise Resistance
2*5 /gm
*/gc
(2*5gm + 20/g2/gwi2)
//(/o+/g2) (4/gc + 20Igz/gc2)
20Ia(Ic-Ia)/Icgc2

gm =mutual conductance, grid-anode ; gc=conversion transconductance
la = average anode current; Ig2— average screen grid current; Ic =
average cathode current.

Noise level alone is sometimes specified as an indication
of the degree of quietness in decibels below a reference level
of 1 mW. A noise level of —55 dB is only just audible.
It is measured by the voltage at the output terminals of the
system in the absence of a signal or, in a receiver, with the
aerial disconnected and the automatic gain control in
operation.
Signal-to-Noise Ratio
Since both the noise and signal voltages vary in the same
ratio with amplification, a specification of noise level alone
gives limited information of the performance. The true
measure of the purity and intelligibility of reproduction is
the signal-to-noise ratio. A high signal-to-noise ratio or a
reduction in noise in relation to the signal is equivalent to
an increase in sensitivity.
The signal-to-noise ratio is defined as the number of
decibels by which the level of a fully modulated signal at
maximum output exceeds the noise level. It is determined
from separate measurements of the output signal voltage and
the noise voltage in the absence of a signal. Then the
signal-to-noise ratio is :
iV(dB)=20 logJEJB.)
where Es and En are the signal and noise voltages respectively.
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3
POWER AMPLIFIERS
The general circuit arrangement for high fidelity power
amplifiers has become fairly standard in recent years, al
though many variations in detail are to be found. The usual
arrangement is shown in Fig. 1, a block diagram of a typical
power amplifier for use with a separate pre-amplifier. The
circuit sequence consists of a low-noise a.f. voltage amplifier
A.F INPUT FROM
PRE-AMPLIFIER
tj
a!f
AMPLIFIER

PUSH-PULL

PHASE
SPLITTER

OUTPUT
AMPLIFIER

OUTPUT
TRANSFORMER

NEGATIVE FEEDBACK

Fig. 1. Block diagram of a typical high fidelity power amplifier.
feeding a phase splitter which delivers a balanced output to
the output stage. The output stage employs a pair of power
amplifying valves in push-pull, coupled to the loudspeaker
by means of a matching transformer. Frequency and
harmonic distortion are reduced to negligible proportions by
the application of negative feedback over the whole amplifier.
An amplifier of this type is generally designed to deliver a
maximum output of 10-20 watts with an input of about
120 mW ; to have a frequency range flat within 1 dB from
10 to 20,000 c/s, a total harmonic content of less than 0T per
cent and intermodulation distortion of less than 2 per cent
over the frequency range. For stereophonic reproduction,
two identical amplifiers are used, one for each channel.
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Voltage Amplifier Stage
The first stage usually consists of a low-noise, high-gain
pentode voltage amplifier. Such valves as the EF86, Z729
and 6BR7 have been designed for this purpose, and have
rigid electrode structures to reduce microphony. A typical
circuit is shown in Fig. 2. Gains of 120-150 are easily
attained with such valves, and provide sufficient amplification.
Cathode bias of 1-2*5 volts is generally used, and it is normal
to bypass the cathode bias resistor with an electrolytic
capacitor between 25-100/xF. The negative feedback is
applied in the cathode circuit across a low value resistor.
To improve stability, the first stage is often coupled
directly to the phase-reversing stage. This reduces the
number of low frequency time, constants within the feedback
loop. Such an arrangement is only possible with the cathodecoupled type of phase-reverser.
The R-C network across the anode load resistor is included
to attenuate the high frequency response of the amplifier.
This is usually necessary in a feedback amplifier to maintain
stability at the higher frequencies. The R-C combination
in the feedback loop also provides high frequency attenuation
in the ultrasonic range to improve the stability of the
amplifier.
To keep noise to a minimum in such stages, the anode
and screen feed resistors, the control grid resistors and the
resistors in the cathode circuit, including those in the feed
back loop, should be of the cracked-carbon type.
To keep hum to a minimum, the following precautions
should be taken : (a) the heater leads should be a twisted
pair and twisting retained as close as possible to the valveholders ; (b) a low-loss valveholder made of non-hygroscopic,
high insulation material should always be used ; (c) the
earth returns should be made to a single busbar, keeping
the leads as short as possible (it is convenient to connect
the earth leads to the valveholder central spigot); (d) the
busbar should be connected to the chassis at a single point
31

H.T.+

CT

V2
Cl

n

•l.r

«7»'-

,1

,"TWW~T
HH

I
I

NEGATIVE
FEEDBACK

Fig. 2. Typical voltage ampli
fier stage of a high fidelity
amplifier.

5R2

<

R3

i
Fig. 3. Basic form of resistancecapacitance inter-stage coupling.

only, preferably close to the input terminal; (e) the heater
supply should be centre-tapped so that it can be balanced.
Fig. 3 shows the basic form of resistance-capacitance
inter-stage coupling. The a.f. voltage variations produced
between the cathode of valve VI and the anode end of the
load resistance R1 are transferred to the grid of valve V2
via the coupling capacitor Cl, which prevents the d.c. anode
voltage of valve VI from reaching the grid of valve V2.
The grid resistor R2 provides a path for the application of
the bias voltage produced across the bias resistor R3 to the
grid of V2.
C represents stray circuit capacitance, which is effectively
in parallel with the load resistance R1 and the h.t. supply.
At the higher frequencies this forms a low impedance path
to earth and causes high note loss. Low note loss will also
occur if Cl and R2 are unsuitably proportioned. The output
voltage from VI is distributed across the coupling capacitance
Cl and the grid leak R2, and only that fraction appearing
across R2 is applied to the grid of V2. For the applied
vo tage to fall to 1/^/2, or 70 per cent of the maximum
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Fig. 6 (right). Cathode-coupled phasesplitter circuit showing additional com
ponents and biasing arrangements when
the stage is resistance-capacitance coupled
to the previous stage.

Cl

possible (a drop of 3 dB), where the loss just becomes
apparent, the reactance of the coupling capacitor Cl ll(2rrfC)
and the grid leak resistor R2 must be equal. For example,
if Cl is 0-01^F and it is required to reproduce frequencies
down to 20 c/s,
R2=1/(2t7X 20x0-01 x 10-6)=2=800,000 ohms or 0-8 MH.
Phase-Reversing Circuits
The two arrangements favoured for high fidelity power
amplifiers are shown in Figs. 4 and 5. The arrangement
shown in Fig. 4 is an extension of the cathode-follower
circuit, consisting of a combination of cathode and anode
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coupling. R1 and R2 are equal anode and cathode load
resistors. The signal current in the anode circuit passes
through both resistors, but since the voltage drops across
them are equal and of opposite polarity, the outputs at 1
and 2 are in anti-phase and balanced with respect to the
cathode. The bias resistor R3 is virtually short-circuited
to signal currents by the large by-pass capacitor Cl, and is
therefore independent of the couplings.
It may be noted that, since R2 is common to both the
anode and grid circuits, half the voltage is fed back in reverse
phase, so that the voltage gain of each half of the output
circuit is less than unity.
The popular cathode-coupled phase-splitter circuit is
shown in Fig. 5. The anode of the preceding stage may
be directly coupled to the grid of the left-hand section of
a double-triode. In this case a comparatively high d.c.
voltage with the signal voltage superimposed is applied to
the grid. The high cathode resistance, Rl, which is common
to both sections, provides sufficient negative bias to overcome
the positive voltage and ensure that the grid is negatively
biased with respect to the cathode. Omission of the usual
coupling capacitor is done to reduce phase shift when
negative feedback is used. The grid of the right-hand section
is effectively earthed to a.f. currents by the capacitor Cl.
C2 and C3 are d.c. blocking capacitors.
When the grid of the left-hand section swings negative,
its anode becomes more positive, and the voltage at output A
is positive with respect to the cathode. At the same time,
the grid of the right-hand section swings positive and the
voltage at output B becomes less positive and is in anti-phase
with that at output A. The a.f. components of current in
the cathode resistor Rl flow in opposite directions, and in
or er to obtain the same resultant output voltage in the rightan. secti°n, the anode load resistor R3 of the right-hand
secti°n S^°U^
slightly greater than R2 in the left-hand
10n- Optimum results are achieved when the value of
exceeds that of R2 by 3 per cent. Similarly with the

34

grid resistors of the succeeding push-pull stage. Rl, R2,
R3 and the grid leak resistors in the following stage should
be close-tolerance, low-noise types. Additional biasing is
required if the stage is R-C coupled to the preceding voltage
amplifier stage : the usual arrangement is shown in Fig. 6.
The advantage of the cathode-coupled phase-splitter is
that it contributes a certain amount of gain, An ECC83 in
such a stage will provide a stage gain of about 25. The main
problem with any phase-splitting stage is to obtain accurately
balanced signals from both outputs. Both these circuits
function well in this respect. The choice of a large enough
coupling capacitor reduces low frequency unbalance, but it
is not possible to eliminate completely high frequency un
balance. The cathode-follower phase-splitter is slightly
better in this respect, the outputs remaining balanced within
5 per cent up to about 20 kc/s. Unavoidable series and
shunt capacitances are the main cause of the high frequency
attenuation which produces the unbalance.
Power Amplifiers
Triode power valves for sound reproduction are designed
to accept a large grid voltage swing, and must be preceded
by one or more stages of a.f. amplification to raise the level
to that required to fully excite the grid. They have a relatively
low amplification factor and low anode resistance and develop
the large output power required to operate a loudspeaker.
Because of their high power gain, their high d.c. to a.c.
conversion efficiency and the large power output obtainable
with relatively low h.t. voltages, power pentodes and beam
tetrodes are to-day used in preference to triodes. Although
the output contains a percentage of second and third har
monic, this can be reduced by the application of negative
feedback.
Electrical energy is converted into sound energy by the
alternating movement of the speech coil and cone of the
loudspeaker, the volume of sound being proportional to the
a.c. power delivered to the coil. Movement of the coil in
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the magnetic field sets up an alternating back e.m.f. in the
coil, and power is absorbed in overcoming it. The coil thus
behaves as a resistive load, and this a.c. or dynamic resistance
is generally greater than the ohmic resistance. This is
strictly true only for the mid-range of frequencies ; at the
extreme frequencies reactance predominates, but it is usually
the resistive effect which is considered in the treatment of
matching problems.
Impedance Matching
The dynamic resistance of the speech coil seldom exceeds
20 ohms, and it would be inefficient to connect the loud
speaker directly to an anode circuit of comparatively high
resistance. Maximum power is transferred from a source to
a load when their resistances or impedances are equal. The
realisation of this requirement is achieved by impedance
transformation. Neglecting transformation losses, a trans
former with a loudspeaker load Rs is equivalent to a resistance
n2Rs on the valve, where n is the turns ratio. It follows that
for a valve having an optimum load resistance Rai the required
turns ratio is :

n=VRJRS.
Taking the load on the output stage to be the equivalent
dynamic resistance of the loudspeaker, the power output
P=i«RcBut, since the anode current
P=H2e2RJ(Re+Ra)2 or fe2Rel2(Re+Ra)\
where z'a=anode current (A.); P=power output (watts);
eg, eg=r.m.s. and peak voltage on the grid respectively;
Re=equivalent dynamic resistance of load (?i2Rs) (ohms);
Z?a=anode resistance of valve (ohms).
Output power is a maximum when the equivalent load
resistance is made equal to the anode resistance of the valve.
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Hence, substituting Re for Ra in the preceding expression
gives the maximum available power.

Pmax. =/A.V4r.

hh;i*r.

If operation is to be confined to the linear portion of the
characteristic, the maximum undistorted power output is
obtained when the load resistance is made equal to twice the
anode resistance. Then :

Pmax. =2n*e*l9Ra or ^2/9Ra
These expressions are useful for determining the maximum
driving voltage which can be applied to the grid to obtain
a given power output.
-H.T.+

o

g
o
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Fig. 7. Basic push-pull output
circuit.
Push-pull Connection
Valves may be connected either in parallel or push-pull
to increase the power output. The push-pull method, shown
in principle in Fig. 7, has considerable advantages (see
below) for high fidelity work. In this mode of connection
the outputs of the phase-splitter are applied to the two
control grids. It is usual to bias each grid separately by
resistors and capacitors (Rl, Cl and R2, C2) to ensure an
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accurate balance. Thus, equal and opposite voltages are
applied to the two grids.
The basic difference between push-pull and parallel
connection may be summarised by saying that in push-pull
each valve passes the total signal current at half the voltage
swing, whereas in parallel each passes half the current at
the full voltage. Since the anodes are connected to the
outer ends of the output transformer primary and are fed
at the centre point, the anode currents are reversed in phase
and flow in opposite directions through the winding. The
voltages induced in the secondary are therefore in phase and
additive.
The advantages of valves in push-pull over single and
parallel valves are : (1) Second harmonic distortion of one
valve cancels out that of the other in the output circuit, and
greater undistorted output is obtained. (2) The d.c. com
ponent of anode current does not saturate the core of the
output transformer, since the anode currents flow in opposite
directions through the half-primaries and their effects cancel
out magnetically. (3) Residual a.c. hum in the h.t. feed
cancels out in the two valves. (4) Amplified signals in the
common h.t. connection cancel and cannot be fed back to
preceding stages via the h.t. line. (5) Greater power output
is obtained in push-pull than in parallel connection, but the
power sensitivity is lower, because twice the signal input
voltage is required.
Harmonic and intermodulation distortion is not entirely
eliminated by push-pull operation, and the output trans
former adds its quota to the total. The total harmonic
content may still amount to some 3 per cent, but it can be
re uced to less than 0’4 per cent over the whole audio band
3 ne^at^ve feedback loop across all stages
infer!6 am°Unt
feedback that can be applied with an
may cha°Ut^Ut trans^°fmer is limited by phase shift, which
and caus^ r°m ne£at*Ve t0 positive at the upper frequencies
C lnstaWlity and self-oscillation. In a well-designed
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transformer the phase shift can be reduced to a very small
amount, so that it is possible to secure the advantages of
feeding back at a higher level. Typical response character
istics for an amplifier without and with feedback applied at
moderate and high levels are shown in Fig. 8.
For maximum power output the equivalent anode-toanode load of the loudspeaker must be twice the anode
resistance of either valve. Valve manufacturers usually state
the anode-to-anode load requirement for the various con
ditions in which the valves can be operated in push-pull.
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Fig. 9. Schematic diagram of an ultra-linear amplifier.
Ultra-linear Amplifiers
The so-called ultra-linear or distributed load system of
amplification makes use of “ beam ” tetrodes or pentodes in
push-pull with their screen grids fed from two tappings on
the primary of the output transformer, as shown in Fig. 10.
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Fig. 10. Circuit diagram
of the ultra-linear output
stage, in which the screen
grids are connected to tap
pings on the output trans
former.

o

I

I*
Jr

Fig. 11. Arrangement in which
the common portion of the out
put transformer is connected
between the cathodes of the
output valves.

Distortion in a tetrode or pentode is mainly third harmonic,
and since odd harmonics do not cancel out in push-pull
operation, a pentode or tetrode does not benefit from har
monic reduction in this way. Connecting the screens to
tappings on the output transformer introduces negative feed
back, via the screen grids, within the output stage itself, in
order to reduce this harmonic distortion. Special care is
taken in the design of the feedback system to minimise phase
shift at all frequencies in the audio band.
With negative feedback, “ beam ” tetrodes can be made
to give a standard of performance nearly equal to that of
triodes with feedback, with the added advantage of higher
power efficiency and a lower driving voltage. The system
is capable of delivering twice as much undistorted power
output as triodes with feedback.
It is common practice to connect R-C networks, as shown
in Fig. 10, between the anodes and screens in order to
improve stability.
An alternative and highly efficient arrangement is the
circuit shown in Fig. 11. In this, the common portion of
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Fig. 12. Basic transfor
merless output stage circuit.
Fig. 13 {right). Simple
transformerless output stage
without phase inverter.

DRIVE

NEGATIVE .
FEEDBACK

the output transformer primary is inserted between the
cathodes of the output valves, so that the voltage appearing
across that portion is effectively applied to the control grids
as negative feedback. With this arrangement, it is important
that the phase and magnitude relationships of the anode,
screen and cathode voltages are correct at all frequencies.
Bifilar winding can be used to ensure this.
The Transformerless Output Stage
If the output transformer can be dispensed with, one of
the main sources of non-linear output and phase shift can
be removed. Excessive phase shift limits the amount of
negative feedback that can be applied, and may also introduce
spurious positive feedback at the higher frequencies.
Several amplifier circuits which avoid the use of an output
transformer have been introduced.
In the conventional push-pull circuit the principal role of
the output transformer is to match the low speaker impedance
to the high output impedance of the amplifier. The main
problem in the design of a transformerless output is to
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reduce the output impedance to a sufficiently low value to
secure optimum matching with the speaker without having
to use an uneconomically large number of valves in parallel.
Although the usual 15 or 20 ohm moving-coil speaker cannot
be used, suitable speakers of a few hundred ohms are a
practical possibility.
Several variants of the basic circuit, shown in Fig. 12,
have been devised. It will be seen that, although the valves
VI and V2 are in series with each other, when driven in
push-pull their outputs are effectively in parallel with the
load R, each valve passing current in opposite directions
during alternate halves of each cycle. Capacitor C isolates the
load from the d.c. voltage and permits the cathode of VI and
one end of the load to be earthed. Since the output imped
ances of a push-pull pair and a parallel pair are respectively
twice and half that of a single valve, this circuit reduces
the impedance to one quarter of that of the conventional
push-pull system. By the use of low impedance valves the
output impedance is further reduced to a value.commensur
ate with the design of a moving-coil speaker.
Equal and opposite voltages are fed to the control grids
of VI and V2. The simplest way of achieving this is by a
direct drive from a pre-amplifier to the control grid of VI
and an indirect drive to V2 via R1 (Fig. 13), derived from
+
V3
C3

I!
VI

V2 _ ”

T"

-e '4iwf®f
R3

R2
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Fig. 14. Basic arrange
ment of a transformerless
output stage with a phase
inverter {VI). The bias
arrangements, which are
quite complicated in this
type of circuit, are omitted.

the inverted voltage swing produced at the anode of VI.
Since V2 operates partially as a cathode follower, this
arrangement contributes substantially to the reduction of
the output impedance.
For high quality work it is usual to obtain a more balanced
push-pull drive from a phase inverter, as shown in the
simplified circuit of Fig. 14. The left-hand half of the
double triode functions as an amplifier and the right-hand
half as a phase inverter without gain. The amplified signal
voltage developed at the left-haad anode is applied simul
taneously through Cl to the grid of the right-hand section
and through C2 to the control grid of pentode V2. The
signal voltage at the right-hand anode of VI is applied
through C3 to the control grid of pentode V3. The gain
of VI right-hand section is made to appear as unity. To
reduce overall distortion a negative feedback voltage,
tapped off the potentiometer Rl, R2, is applied to VI.
R3 provides negative feedback. This arrangement makes
full use of the feedback possibilities with transformerless
amplifiers.
Transistor Amplifiers
In the choice of transistor circuits for high fidelity per
formance the important characteristics that have to be taken
into consideration are linearity, bandwidth, input and output
impedances, and adaptability to negative feedback. The
three basic circuits that fulfil the requirements of a.f.
amplifiers are : (a) the common-base connection, (b) the
common-emitter connection and (c) the common-collector
connection (Fig. 15), which each differ in their relative
merits.
The common-base amplifier has a current gain less than
unity. It does not, therefore, lend itself to R-C coupling,
and negative feedback cannot be applied effectively. Trans
former coupling can, however, be used to increase the current
gain, and because of the high ratio of output resistance to
input resistance, there is a voltage gain across the load. The
H.F.P.B.—4
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(b) Common-emitter circuit.
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E0 is d.c. supply voltage.
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circuit has good linearity when used with suitable values of
source resistance and load resistance. Its low input resist
ance makes it an ideal matching device in pre-amplifiers
designed for use with low impedance pickups and micro
phones.
Although the linearity of the common-emitter amplifier
falls short of that of the common-base amplifier, its higher
current gain favours the use of R-C coupling for amplifiers
in cascade. The current gain and the inherent phasereversing property of the circuit make negative feedback
easy to apply.
The common-collector amplifier resembles the cathode
follower in having a current gain of about unity, a high input
impedance and a low output impedance. It has useful
applications where it is required to match a high impedance
soiree to a low impedance load.
Transistors are critically sensitive both to changes of
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ambient air temperature and heat dissipation. Current
gain and input and output resistances are all temperature
dependent. Hence the operating temperature is a feature
of their characteristic curves. Generally, current gain
increases with temperature, so that transistors in a power
output stage would be irreparably damaged if over-heated,
unless compensation were provided for temperature varia
tion or unless the operating temperature were controlled.
Circuit resistors are therefore included which provide bias
and also stabilise the operating point. In some circuits use
is also made of temperature-sensitive resistors or thermistors
and diodes as stabilising devices.
In other respects the circuit techniques differ little from
those of valve circuits. Response characteristics are gov
erned or modified by a suitable choice of coupling resistance
or compensated by inserting equalising networks. Trans
former coupling may be exploited to a greater extent than
with valves. In valve circuits the main objection to the use
of driver transformers is the adverse effect of distributed
winding capacitance, which resonates with the leakage re
actance to produce a peak in the response. But, because of
the lower impedances encountered in transistor circuits,
capacitance effects are relatively unimportant and transformer
design is simplified.
The p-n-p type transistor is used almost exclusively in
this country but in the U.S.A. the n-p-n type is frequently
found. Since the layers in the two types are transposed, it
is important to note that the polarity of the voltage applied
to the electrodes is reversed. Accidental reversal of polarity,
either when connecting up or testing, will damage or destroy
the transistor.
Transistor Output Stages
Transistors, like thermionic valves, can be operated in
Class A and Class B, and in the push-pull mode, with
similar advantages. A push-pull output stage with a matched
pair greatly reduces the second harmonic content produced
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Fig. 16. Basic common-emitter Class B push-pull output stage
circuits, (a) With output transformer. (b) Transformerless output.

by non-linearity of the characteristic. For this application
the common-emitter and common-collector circuits are
most suitable : the common-emitter circuit offers the greater
gain, but the common-collector connection is advantageous
for connecting a low-impedance speaker directly in the out
put circuit without a transformer. When fed from a
symmetrical power supply with centre point earthed, the
speaker can then be connected between the output point
and earth.
While better linearity is obtained in Class A operation,
the power consumption in the quiescent state is high and
the efficiency does not exceed 45 per cent. For this reason
designers have concentrated on Class B operation. By biasing
n-p-n
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Fig. 17. Basic complementary-symmetry transistor out
put circuit.
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p-n-p

Fig. 18. Two-stage
complementary - sym metry transistor out INPUT
put circuit with •——|l
earthed-emitter stage
followed by an emitterfollower pair.
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CENTRETAPPED
SUPPLY

’

U:

n-p-n

the transistors to just the cut-off point in the absence of
signals, efficiencies up to 65 per cent can be realised with a
corresponding reduction in the dissipation. The basic
circuits for Class B amplifiers, with and without an output
transformer, are shown in Fig. 16.
One advantage that can be obtained by using a transistor
output stage is that it is possible to arrange to avoid the need
for a phase-reversing stage. This can be done by using an
n-p-n and a p-n-p transistor in a “ complementary-sym
metry ” output stage (see Fig. 17). By a further extension
of this arrangement (see Fig. 18), it is possible to obtain a
low impedance output suitable for directly driving the loud
speaker, so that the use of transformers is avoided entirely.
It is necessary for the n-p-n and p-n-p transistors used
in the complementary-symmetry circuit to have similar
characteristics. The practical difference between these types
is that the bias and supply polarities required are reversed.
A grounded-emitter n-p-n transistor requires positive drive,
whilst a grounded-emitter p-n-p transistor requires a negative
drive. If one of each is connected in push-pull and biased
to “ cut-off ”, one will amplify the positive half of the signal
whilst the other amplifies the negative half. The two
types require opposite polarity power supplies, so that
a centre-tapped supply is required (or, alternatively, two
batteries).
The addition of an emitter-follower stage provides several
advantages. First, the need for identical characteristics
between the n-p-n and p-n-p types of transistor is reduced.
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Secondly, the impedance of the output is reduced to a value
suitable for directly driving the loudspeaker. Thirdly, useful
additional gain is contributed by the earthed-collector pair.
The earthed-collector stage does not alter the phase of the
signals.
The bias for the earthed-emitter pair is obtained through
the earthed-collector pair (Fig. 18), an arrangement possible
with transistors.
The main features of a typical comprehensive amplifier
circuit, consisting of an input amplifier, driver and output
stage are shown in Fig. 19. For the input stage the earthed
emitter connection is used to increase the gain sufficiently
to permit some 30 dB of overall feedback to be applied, and
at the same time to realise a maximum power output of 10 W.
R1 and R2 form a bias network, while R3 provides further
stabilisation, with C3 as a signal frequency by-pass capacitor.
This stage feeds a symmetrically driven phase inverter
having an earthed emitter pair, each functioning in a com
plementary manner on alternate half waves, as in push-pull
amplifiers. A pre-set centre-point tapping on resistor R4
ensures true symmetrical operation and eliminates any
residual d.c. component of current from the primary of the
driver transformer.
The output stage is driven in Class B push-pull by sep
arate secondary windings, which provide a current gain, the
upper transistor operating as an earthed collector and the
lower one as an earthed emitter. Resistors R5 in the emitterbase circuit and R6 in the collector-base circuit govern the
quiescent current and prevent overheating. Under operating
conditions, when the quiescent currents of both transistors
are equalised, the measured voltage across the load should
be zero. Low value resistors R7 are introduced in series
with the emitters to provide bias but mainly to stabilise the
transistors against thermal changes. As these resistors are
common to the input and output circuits, the phasing of
the currents is such that they confer a degree of negative
feedback.
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Dispensing with an output transformer represents a con
siderable saving in cost and bulk. Its absence, together with
the application of overall feedback from the output to the
base of the input transistor, extends the frequency response
and keeps distortion at full output within acceptable limits.
The transformerless circuit shown in Fig. 20 is a develop
ment of the complementary-symmetry arrangements previ
ously described. A stage of complementary symmetry (T3
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Fig. 21. Relationship between distortion and
power output for varying amounts of feedback.
and T4), using a p-n-p and an n-p-n transistor, is followed
by a transformerless output arrangement using two p-n-p
transistors. Initial voltage amplification is provided by the
n-p-n transistor T1 and the p-n-p type T2, which are
directly coupled. T3, T4, T5 and T6 form a two-stage
push-pull amplifier. T3 and T5 operate on one half-wave,
T4 and T6 on the complementary half. Both power
transistors (T5 and T6) are p-n-p types. Diodes D1 and
D2 stabilise the output stage quiescent current against supply
and temperature variations. The distortion at the crossover
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point is kept low by providing suitable quiescent current,
while heavy negative feedback can be used, as shown, to
reduce overall distortion.
Negative Feedback
jf a fraction of the signal voltage of an amplifier is fed
back to the input in the same sense as the input (positive
feedback), amplification is increased, and under controlled
conditions the system can be made to function as an oscillator
or a regenerative amplifier. If, however, the voltage is fed
back in the opposite sense (negative feedback), amplification
and the distortion products of amplification are reduced.
With tetrodes or pentodes, this loss of amplification is not
important, whilst the improvement in reducing the distortion
is considerable.
Although pure negative feedback may hold for a particular
frequency, the presence of reactance in the system introduces
a phase shift over part of the frequency band. In such an
instance of multi-stage feedback as that shown in Fig. 22 (c),
if the phase angle due to cumulative phase shift exceeds
±90°, the system will become regenerative and tend to in
stability. The use of a driver transformer, high leakage re
actance in the output transformer and resistance-capacitance
coupling all contribute to the total phase shift.
So long as the limit of stability is not exceeded, the degree
of feedback that can be advantageously employed is limited
only by the permissible loss of gain. Fig. 21 reveals that
with small amounts of feedback distortion increases relatively
slowly. As the amount of feedback is increased, distortion
is consistently reduced up to a limiting point where any
further increase of power output or slight overloading causes
a rapid increase in the distortion content. Provided, how
ever, precautions are taken to keep circuit reactances as low
as possible, from 20 to 30 dB of feedback can be usefully
applied with tetrodes in push-pull. It may be noted here
that by 20 dB of feedback is meant that feedback has
reduced the gain by 20 dB (10 times), and if it has been
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Fig. 22. Various forms of feedback, {a) Negative
current feedback. (b) Negative voltage feedback,
(c) Multi-stage feedback.

properly applied, distortion has been reduced by the same
amount.
Energy can be fed back in two ways : (a) by current
feedback from a coupling resistor in series with the output
circuit, as in Fig. 22 (a); (b) by voltage feedback from either
a coupling resistor or potential divider in parallel with the
output circuit, as in Fig. 22 (6), or an output transformer,
as in Fig. 22 (c).
In Fig. 22 (a) an a.f. voltage proportional to the anode
current is developed across the un-bypassed section of the
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Fig. 23. Frequency selective negative and positive feedback.

bias resistor R1 and fed back to the grid circuit in anti
phase with the input signal. In Fig. 22 (6) R1 and R2 form
a potential divider across the output, from which a fraction
of the output voltage equal to Rl/(Rl-j-R2) is fed back to
the input. Cl is a blocking capacitor, inserted to prevent
d.c. feedback. The multi-stage feedback loop shown in
Fig. 22 (c), taken from the low voltage winding of the
output transformer, counteracts distortion introduced by
non-linearity of both the valve characteristics and the mag
netisation curve of the transformer.
If m is the voltage gain without feedback and p the fraction
of the voltage fed back in reverse phase, then for IV. input,
pm volts are fed back in opposition to the input. To restore
the output to its original level, the input must be increased
to 1 -\-p?n volts. Hence the effective gain with either current
or voltage feedback is reduced to :
?n=tnl(l-\-ptn)

—i/0
when m is much greater than unity, as in multi-stage feed
back.

53

Voltage feedback reduces the output resistance to a value :

*'«=*,/( 1+/*)

^=RJti=zllgm

when [i is much greater than unity.
On the other hand, current feedback increases the output
resistance to :
R'=Ra+Rc( 1+M)
where /?fl=output resistance without feedback (ohms);
i?c=coupling resistance (ohms); jz=valve amplification
factor; and £=valve mutual conductance, mA/V. By com
bining both voltage and current feedback, it is possible
to modify the output impedance to any desired value.
It is common practice to incorporate a frequency depen
dent R-C network (Fig. 23) in the feedback loop. The
resistor R determines the magnitude of the voltage fed
back, capacitor C providing a measure of phase correction.
Apart from its value in combatting feedback instability
at the upper frequencies, the combination is a useful
means of boosting bass or treble response without loss
of gain.
Several advantages are obtained by the application of
negative feedback : (1) Overall frequency distortion is re
duced and a more uniform response achieved. For if certain
frequencies are over-emphasised by amplification, a corre
spondingly larger voltage is fed back in opposition to the
input voltage, thus compensating for the excess gain, and
vice versa. (2) Harmonic distortion is reduced. Since har
monics are fed back with the signal, but are not Prese*J_
the original input, they partially or wholly cance
introduced by amplification. (3) Undesirable Produ**
amplification, such as a.c. hum, valve and therma agi
noise and resonance peaks are reduced. (4) Amp i er g
can be held1 constant as valve emission deteriorates
vv
valves are replaced. (5) If necessary, loudspeaker damping
can be
controlled by reducing the output resistance to
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fraction of the speech coil resistance. (6) The effects of
supply voltage variations are minimised.
Positive Feedback
A few makers have employed positive feedback in their
designs to supplement the main negative loop. Although,
by itself, positive feedback has the opposite effect of negative
feedback of increasing both gain and distortion, it can be
used within certain limits to improve the overall performance,
and to control the stage input and output impedance. The
introduction of a small positive feedback loop across one or
two stages within the main negative loop will increase not
only the gain, but also the amount of negative feedback, and
thereby further reduce the total distortion. Alternatively,
a lower overall feedback factor will increase the gain without
increasing the distortion.
Damping Factor
Good transient response and freedom from resonance
peaks depend to a large extent on the damping of the loud
speaker system, which is partly acoustical, partly frictional
and partly electromagnetic. The degree of acoustical damp
ing varies with the air loading on the cone and the design
of the speaker enclosure. Frictional damping occurs in the
cone surround and the centring device. Electromagnetic
damping is determined jointly by the magnetic flux density
in the air gap and the anode resistance of the output stage.
The high flux densities obtainable with modern permanent
magnets exercise a powerful damping effect on the move
ments of the speech coil. There is usually one particular
value of output resistance for a given type of speaker that
will provide the critical damping necessary to just check
the tendency for vibration to persist on a strong impulsive
signal after the excitation has been removed, and prevent
the speech coil from overcarrying on resonance peaks. No
further benefit is obtained by exceeding the condition of
critical damping. Too high a resistance provides insufficient
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damping to curb the natural resonances and gives rise to the
phenomenon known as “ ringing ” on transients. Too low
a resistance or excessive damping delays the growth and
decay of current and the system is unable to follow sudden
changes in amplitude, causing poor transient response an
attenuating the higher harmonics.
Reducing the anode impedance does not always provide
sufficient damping for speakers of low flux density. In some
amplifiers, notably American designs, positive current feed
back is combined with the conventional negative voltage
feedback to increase the damping factor. By incorporating
a damping control to regulate the proportion of positive
current feedback it is possible to reduce the effective anode
resistance to zero.
It is usual to specify the degree of damping by a damping
factor. This is defined as the ratio of the nominal load
impedance to the output resistance of the amplifier. Thus,
an output or source resistance of 0*75 ohm opposed to a
load impedance of 15 ohms is equivalent to a damping factor
of 20. The lower the output resistance, the higher the
amping factor, but since the two resistances are effectively
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in series, there is little to be gained by increasing the damping
factor above about 30.
Fig. 24 shows one form of damping control. The path
through the frequency selective combination R1C1 consti
tutes the normal negative voltage feedback, and the path
through R2, R3 and R4 the positive current feedback loop.
A voltage proportional to the output current is tapped off
the potentiometer R2 and fed back in the positive sense to
the cathode of valve VI. Movement of the slider away from
the earthy end of R2 varies the damping factor from a lower
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Arrangement of amplifiers for stereophonic
reproduction.

limit of about 20 to infinity, at which extreme the effective
resistance is reduced to zero.
The merits of variable damping control for any specific
speaker system will depend upon the damping of the system
as a whole. With an indifferent speaker system a worth
while improvement can be obtained, but any additional
damping of an already well damped system produces little
further change in the response.
Stereophonic Amplifiers
Amplifiers and pre-amplifiers for two-channel stereophonic
reproduction are normally built on a common chassis. Each
is otherwise the same in principle and has the same function
as a single-channel amplifier. A somewhat lower power
output and smaller amplifiers are acceptable than for mon
aural reproduction. Although some allowance must be made
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AMPLIFIER

RIGHT
POWER
AMPLIFIER

Fig. 26 {above). Channel
reversing and combining cir
cuit.

Fig. 27 {left). Phase revers
ing switch.

for brief periods when the programme requires full power
on one channel, during most of the time the sound intensity
is more or less evenly distributed between both channels so
that an output of, say, 5 watts from each amplifier is almost
equivalent to 10 watts from a single-channel system. How
ever, since a high quality amplifier normally has push-pull
output, it is usual to allow for at least 10 watts per channel.
Close matching of amplifier and loudspeaker characteristics
is essential. The stereo pattern will be distorted by dis
crepancies in phase shift, gain and frequency response of
the amplifier or by dissimilarities in sensitivity, frequency
response and polar distribution of the speakers.
Stereo Controls
The block diagram (Fig. 25) shows the general scheme.
Gain and tone controls are ganged and closely matched to
maintain the individual gains and responses substantially
equal at all settings. To avoid the difficulty of matching
potentiometer type controls, some makers prefer to employ
stepped switching with resistance elements having a tolerance
of 5 per cent or closer. An additional control is commonly
included to vary the acoustic balance. This control alters
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the volume of one channel relative to the other, yet main
tains the total volume constant. By this means sound is
made to appear to shift from left to centre or right or vice
versa, as one speaker increases and the other decreases in
volume.
Other useful facilities, exclusive to stereo amplifiers, are: {a)
channel reversing, (b) channel combining, (c) phase inverting.
It is possible that, somewhere in the chain of reproduction,
the channels have been transposed, so that the left speaker
takes over the duty of the right and vice versa. In most
amplifiers provision is made for correcting this defect by
fitting a reversing switch at the inputs.
Channel combining is another useful feature when playing
monophonic records or reproducing single channel radio.
By parallelling the inputs the amplifiers and speakers are
made to share the load equally, with less liability to over
loading and a substantial reduction in the distortion factor
for a given acoustic output. Fig. 26 shows the basic switch
ing for both channel reversing and combining.
To ensure well-defined stereo reproduction correct
phasing between channels must be maintained, not only with
the speakers, but also throughout all stages. If phasing is
incorrect, the apparent sources of sound will be confused or
poorly defined. In this event it will be necessary to reverse
the connections to the left or right speaker or to the inputs
to one of the amplifiers. The connections for a phase
reversing switch are shown in Fig. 27.
Phasing may be checked by playing a monophonic record
with both channel outputs from the pickup connected in
parallel and feeding the combined output into one amplifier.
If the phasing is wrong, cancellation will occur and there
will be little or no resulting signal.
Representative Circuit
A representative power amplifier circuit is shown in
Fig. 28. This is a stereophonic amplifier, Model J.2-10/
Mk. Ill, designed by Jason Electronic Designs Ltd. The
H.F.P.B.—5
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Component Values: Fig, 28
Cl
C2
C3
C4
C5
C6
C8
C9
CIO
Cll
C61
C62

300pF
0-22#xF
005/iF
0-05/iF
lOOpF
lOOpF
500pF
500pF
200pF
SOOpF
32+32/iF
32+32/xF

C64
C65
C66

R1
R2
R3
R4
R5
R6
R7
R8
R9

100/xF
250mF
250/xF
lk

150k
l Ok
l-2k
1M
47k
33k
33k
10k

RIO
Rll
R12
R13
R14
R15
R16
R17
R18
R19
R20
R21

330k
330k
lk
lk
150k
150k
lk
lk
4-7k
4-7k
4-7k
4-7k

R22 22012
R23 50k
R61 5612
R62 3-3k
R63 3-3k
R64 30012
R65 30012
R68 16-512
R69 47012
RF1 3-3k
RF2 2-2k

matching pre-amplifier designed for use with it is illustrated
and described at the end of the next chapter. For sim
plicity, Channel A amplifier only is shown in the diagram :
Channel B is identical. Each channel is designed to deliver
a maximum power output of 12 watts per channel with a
response level within ±1 dB between 30 c/s and 10 kc/s.
The effective frequency response, however, extends well
above 20 kc/s, and the total harmonic content is approxi
mately 0T per cent.
V4A provides voltage amplification, and is directly coupled
to a cathode-coupled phase reverser stage, V6, which feeds
an ultra-linear push-pull output stage, V8 and V9. Cl, R3
and R9, C5 provide high frequency roll-offs in the ultrasonic
range to increase the stability of the amplifier. Negative
feedback from the secondary of the output transformer is
applied via CIO, R20 and Cll, R21 to the cathode of the
input stage. R23 enables the cathode current of the output
stage to be equalised. A full-wave rectifier and resistancecapacitance ripple filter provide the h.t. supply. The bridge
metal rectifier provides a separate d.c. supply for the heaters
of the pre-amplifier valves.
Stereo Conversions
Two alternative methods of converting an existing mon
aural system deserve consideration. Either a second ampli
fier and pre-amplifier, similar to the existing units, can be
added, or a stereo pre-amplifier may precede the existing
main amplifier with another one added. Whichever choice
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is made, it is of practical importance to see that: (a) the
pre-amplifier outputs are correctly matched to the amplifier
inputs ; (6) there is sufficient gain for the lower output
available from a stereo pickup or a quarter-track stereo tape
head; (c) the output level of the pre-amplifier is adequate
to produce full output from the amplifier.
If separate pre-amplifiers are used, the gain controls should
first be set equally to a satisfactory listening level and then
finely adjusted to produce the correct stereo balance. The
tone controls should then be varied by equal steps from the
level position. A still better scheme is to insert a separate
ganged volume control in the leads between the pre
amplifier and the amplifier, leaving the existing controls for
use when adjusting the stereo balance.
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I

4
CONTROL AND PRE-AMPLIFIER
UNITS
The functions of the control unit are : (a) To accept the
a.f. signal from a radio tuner, pickup, tape recorder or micro
phone and control the tone and level of the signal delivered
to the main amplifier to suit individual preferences and
loudspeaker characteristics. (b) To compensate for de
ficiencies in the response of recording characteristics, (c) To
distribute the power supply to other units of the reproducing
system.
In addition to the equalising and volume control circuits,
a two- or three-stage pre-amplifier is usually incorporated to
make good the insertion losses of equalisers, especially where
negative feedback loops are used for this purpose, and to lift
the signal to the level necessary to drive the main amplifier.
When reproducing from disc or tape recordings, it is
necessary to compensate for the various recording character
istics used so that the response of the output fed to the main
amplifier is flat. It is also desirable to pre-amplify the signal
before correction because, if the equaliser were connected
immediately to the input, the reduction in input voltage
would increase amplifier noise and hum relative to the signal.
Since the recording cutter moves at constant velocity,
the displacement of the stylus is inversely proportional to
the frequency. At very low frequencies the amplitude of
the excursions of the stylus would be too great for the
groove spacing, and they must therefore be restricted to avoid
overcutting the wall of the groove. On the other hand,
the greatly reduced excursions of the stylus at the very high
frequencies would become comparable with the dimensions
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Fig. 1. British Standard/R.I.A.A. recording characteristics.

of the granular structure of the record material, and the
background noise would increase relatively, so that in order
to improve the signal-to-noise ratio, the high frequency end
of the response is over-emphasised. The reproducing char
acteristic must, therefore, be an inversion of the recording
characteristic to achieve a level response. The British
Standard (B.S. 1928) microgroove recording and reproducing
characteristics are shown in Fig. 1. They are the same as
the American R.I.A.A. characteristics.
Similar equalisation measures are required with tape re
production. Above a certain frequency limit in tape record
ing, losses in the recording head and self-erasure cause the
output to fall off. To compensate for this in recording the
higher frequencies are boosted. At the low frequency end,
magnetic saturation of the recording head imposes a limit
to the amplitude of the recorded response, so that in repro
duction the low frequencies must be boosted.
There is another factor in the attainment of acceptable
reproduction. The frequency response of the ear varies with
the listening level. For loud sounds its response is nearly
level over the whole of the audio frequency spectrum. As
the level is reduced the ear’s sensitivity to the high and low
frequencies deteriorates, and, as the intensity approaches the
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lowest level of audibility, its response is confined more and
more closely to the middle frequencies between 500 and
5,000 c/s. To compensate for these deficiencies of the ear,
some amplifiers incorporate a compensated loudness control
designed to emphasise the low frequency and high frequency
extremes of the range relative to the iraiddle frequencies at
low intensities. Generally, however, adjustment of the bass
and treble controls at low sound levels provides satisfactory
restoration of balance.
Equalisers
The action of equalisers is based on the frequency selective
properties of inductive or capacitive reactances. An in
ductive reactance varies directly with frequency, while a
capacitive reactance varies inversely with frequency. A
combination of resistance R in series and a capacitive re
actance X (=1/2?rfC) in parallel with an audio frequency
circuit, as in Fig. 2 (a), will attenuate all frequencies above
that at which the reactance is equal to the resistance. At
this critical frequency the input voltage Et divides equally
between X and R, and the ratio of input to output voltage
EiIE0 is equal to unity, whereas at frequencies above or
below the critical frequency, EJE0 is respectively less or
greater than unity.
Transposing the elements by putting the capacitor in
series and the resistor in parallel, as in Fig. 2 (b), attenuates
all frequencies below that at which the reactance and re
sistance are equal. It is customary to specify the character
istic of an equalising network by its time constant. This
provides a convenient means of calculating the component
values directly for any given turn-over frequency. The
time constant T in ^secs of a capacitance-resistance network
is equal to CR when C is in /zF and R in ohms. Since the
frequency at which the turn-over commences occurs when
the reactance (106/27t/CmF) and resistance are equal, it
follows that Tiaec=CllFR=W/2‘nf% The turn-over fre
quency is usually taken to be the limiting upper or lower
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Fig. 2. Basic equalising networks,
curves.

66

associated response

frequency, as the case may be, beyond which the response
falls or rises by more than 3dB. For any particular configura
tion R is the effective resistance, which must take into
account valve input and output resistances where necessary.
Similar results are obtained with inductors if the positions
of the reactive and resistive elements are reversed, but
resistance-capacitance networks are commonly preferred,
partly because of the lower cost and smaller bulk of capacitors
and partly because coils in association with stray circuit
capacitance are liable to set up unwanted resonances.
Shunting the reactive element by a second resistor gives
a more flexible response Response curves for three-element
networks are shown in Fig. 2 (c) and (d).
Equalisers that produce a rise or dip in the response
characteristics depend on the fact that the impedance of
a parallel resonant circuit is a maximum, or of a series
resonant circuit is a minimum at the resonant frequency,
1
. Thus a series combination of inductance and
fo
capacitance connected in series with the circuit, or a parallel
combination in shunt, will produce a rise in the response
at that frequency. Conversely, a series resonant combination
in shunt, or a parallel resonant combination in series, will
introduce a dip. These variations and their corresponding
response characteristics are shown in Fig. 2 (e) to (h).
The maximum value of the peak or dip is proportional
to the ratio RJRi- The rate of attenuation or boost obtained
with any type of equaliser is usually specified as so many
decibels per octave. For example, if an increase of frequency
from 5 kc/s to 6 kc/s produces a fall of 1 dB, then since the
octave of a tone is twice its frequency, the rate of change is :
0-301
log10(10/5)
=l-0x 0-079
l°g10(6/5)
=3-8 dB/octave.
A simple shunt capacitor across a resistive network gives
an ultimate treble attenuation of 6 dB/octave. Ultimate
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C1
C2

Playback equaliser for use
with a crystal pickup.

0-02,«F
0-1mF

C3
R1

470pF
15k

R2
R3

100k
680k

i
Fig. 4. Basic negative feedback
equaliser arrangement.

attenuation is usually specified in multiples of 6 dB/octave,
c.g. 6, 12, 18, 24, although actual values may differ from
the ultimate values.
Additional filtering is obtained by connecting two or more
sections in series. The response characteristics can also be
modified in a variety of ways by combining basic filters of
different types.
Equalisers for playback from discs or tape are normally
embodied either in a feedback loop across the pre-amplifier
or in the interstage coupling between the pre-amplifier and
tone control amplifier. Fig. 3 shows a typical interstage
playback equalising circuit suitable for use with a crystal
pickup.
When equalising filters are introduced in the feedback
path, they are designed to give the inverse response of that
required in the reproduction. When they are included in
interstage couplings, allowance must be made for the contri
bution of other circuit elements, such as grid-cathode and
anode feed resistors.
Fig. 4 shows the basic arrangement for an amplifying
stage with a negative feedback loop incorporating frequency
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selective components to provide equalisation. The com
bination Rl, Cl provides bass boost: the values of the com
ponents are chosen so that at the frequency at which the
roll-off is to begin the impedance offered by Cl rises above
005
lOOK

300p

Fig. 5. Combined R-C filters
for treble and bass boost and
cut. (a) Circuit, (b) response
curves.
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that of Rl. In this way the amount of feedback decreases
with decreasing frequency, whilst the amount of amplification
increases. The capacitor C2 in parallel with Rl further
alters the characteristics of the stage, providing a high fre
quency roll-off. The arrangement Rl, Cl, C2 is suitable
for providing record playback equalisation. With a pure
resistance in the feedback lead, the gain is uniformly reduced
at all frequencies.
Tone Controls
Tone controls are variable filters having one or more
adjustable elements to enable the listener to vary the fre70

TREBLE

Fig. 8. Transistor vcrsion of the Baxandall
treble and bass tone
control system.
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50 k
BASS
'•047
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quency response to suit his own taste. The basic elements
are usually resistance and capacitance. It is usual for
separate bass and treble controls to be provided, designed
to give from 10 to 15 dB maximum boost and cut at 50 c/s
and 10 kc/s. The use of separate controls permits the bass
response to be varied independently of the treble, and the
treble to be varied independently of the bass, or any
combination of the two to be obtained.
The conventional R-C control network (Fig. 5 (a)) will
be recognised as a combination of the basic high and low
pass filters described earlier. This combination raises or
lowers the response progressively above and below a central
frequency, usually around 1,000 c/s, as shown in Fig. 5 (b).
A transistor version is shown in Fig. 6. Another approach,
using negative feedback, is the Baxandall circuit (Fig. 7 (a)).
At low settings this system gives sharp bass boost and
attenuation below a specified frequency without disturbing
the middle frequencies, and modifies the higher treble re
sponse in a similar manner, as shown in Fig. 7 (b). This
type of characteristic compensates more realistically for
deficiencies in loudspeaker response at the upper and lower
extremes of the frequency range. It also has the advantage
that, being based on negative feedback, distortion within the
circuit is reduced. A transistor version is shown in Fig. 8.
Loudness Control
As mentioned in Section 1, the frequency response of the
ear varies with the listening level. To compensate for this
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Fig. 9. Simple loudness control (a) ; more elaborate loudness system
(b) providing bass and treble compensation.
Cl
C2

0-2;*F
001 5mF

R2 3-6k
R3 500k
R1 semilog tapped at 20k (half-rotation); R3 linear.
C3
R1

100pF
100k

R4
R5

22k
220k

deficiency of the ear, some amplifiers include an equalised
loudness control designed to emphasise both the high fre
quency and low frequency extremes of the range relative to
the middle frequencies when listening at low levels.
A simple loudness control providing bass boost at high
and medium volume levels is shown in Fig. 9 {a). The more
elaborate system shown in Fig. 9 (b) provides both bass and
treble boost over a wider range of volume.
Opinions differ on the value of this refinement. It takes
no account of other local factors, such as the effects of
listening position and room acoustics. The amount of
compensation is still so much a personal matter, that many
prefer to rely on the separate use of the bass and treble
controls to restore a satisfactory balance at low levels.
Additional Controls
Additional refinements embodied in some of the more
expensive designs include a variable low-pass filter, a rumble
filter and a presence control.
The variable low-pass filter permits the rate of attenuation
above a selected frequency between about 6 and 12 kc/s to
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FY#. 10. Basic two-position parallel-T filter network.
be set independently of the tone controls. This facility is
useful in suppressing background noise in early or worn
gramophone recordings or in the case of imperfect radio
reception. It is usual to provide for about four switched
positions, giving an “ off ” position and three “ roll-offs ”
between the frequencies mentioned above. A tuned inductor
or a Parallel-T network will give the desired results. The
Parallel-T arrangement is the more common, an example
being given in Fig. 12. The effects of the filter are illustrated
in Fig. 11. This particular circuit incorporates the additional
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Fig. 11. Response curves of the filter shown in Fig. 12.
Shaded portion shoivs variation achieved by operation of the
slope control (VC1).
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refinement of a slope control (VC1) enabling the rate of
attenuation to be varied, as shown by the shaded portion of
Fig. 11.
A rumble filter, switched or variable, is designed to cut
below 30 c/s. An example is shown in Fig. 13. Although
rumble frequencies are often below the audible limit, they
may be of sufficient amplitude to produce overload distortion.
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H.T.
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Fig. 13. A simple switched rumble filter,
attenuating frequencies below about 30 c/s.
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Presence controls are designed to give the illusion of
listening at varying distances from the original sound source.
Intensifying the middle frequencies by about 5 dB at 3,000 c/s
accentuates “ presence ” by appearing to bring the performers
more into the foreground.
Representative Pre-amplifier
The circuit of a representative pre-amplifier is given in
Fig. 14. One half of a pre-amplifier for stereophonic re
production is shown : the second channel is identical. VI
double triode provides initial amplification, negative feed
back being applied over the complete stage to provide variable
attenuation to equalise for the different inputs from either
microphone, tape, radio or pickup (crystal or magnetic). SI
selects the input and switches the appropriate attenuation
network into the feedback loop. The second stage, V3A,
provides recording characteristic equalisation, by means of
a negative feedback loop, S2 switching the appropriate com
ponents into circuit. The bass (R68) and treble (R69)
controls are of the Baxandall type, incorporated in a negative
feedback loop around V4A. R70 in the output is the volume
control. C46 provides low frequency attenuation, providing
a rumble filter controlled by S3. V2, V3B and V4B are in
the second channel. The power amplifier designed for use
with this unit is shown and described at the end of the
previous chapter.
The channel selector switch (S4) permits the circuits to
function in any one of the following ways : (1) Both ampli
fiers and pre-amplifiers in parallel to produce a total output
H.F.P.B.—6
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Component Values: Fig. 14
C31
C32
C33
C34
C35
C36
C37
C38
C39
C40
C41
C42
C44

OOImF
0-05i<F
3,000pF
l.OOOpF
l.OOOpF
200pF
lOOpF
500pF
200pF
0-22mF
0-005/xF
lOOpF
0'05/xF

C45 0-002pF
C46 O'OOSftF
C63 50+S0mF
C67 250/xF
R31 47k
R32 lk
R33 2-7k
R34 150k
R35 1M
R36 100k
R37 68k
R38 470k

R39 look
R40
R41
R42
R43
R44
R45
R46
R47
R48
R49
R50

100k
100k
100k
lk
10k
1M
47k
47k
lk
33k
1-5M

RSI
R52
R53
R54
R55
R56
R57
R66
R67
R68
R69
R70

100k
470k
100k
lk
100k
lk
1M
10k
IOk
250k
470k
1M

of 24 watts. This position is used to reduce distortion when
playing single channel records with a stereo pickup. With
some makes of pickup the speaker phase must be reversed.
(2) Both amplifiers connected to Channel A, for listening to
radio or other single channel sources. (3) Both amplifiers
connected to Channel B. (4) Two channel stereo. (5) Two
channel stereo with speakers interchanged.
A speaker phasing switch controls (see Fig. 28, Section 3)
the individual levels for adjustment of the stereo balance.
When operated in conjunction with the reverse position of
the channel selector switch, the correct stereo alignment and
sense are readily found. Once the system has been satis
factorily balanced, closely matched potentiometers ensure
that the levels from both channels are identical at all settings.
Construction
The information given in the previous chapter on the pre
cautions necessary when constructing voltage amplification
stages apply also to the units discussed in this chapter. All
earthing should be to a continuous earth wire, connected
via the screening wire of the output lead to the main
amplifier.
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5
A.M. RADIO TUNERS
The frequency bands allocated to European a.m. broadcast
ing in the medium and long wave ranges are 525 to 1,605 kc/s
and 150 to 285 kc/s, with channel separations of 9 kc/s. The
area of stable signal reception at these frequencies is normally
confined to the range of the ground wave, but during dark
ness the sky wave is directed earthward by the ionosphere
and extends both the effective range and the interference
zone. The chief advantages of medium and long wave
transmission are long range and relative freedom from
screening by hills and other obstacles in the terrain ; but
since the inception of broadcasting the number of trans
mitters and the effective radiated powers have increased so
greatly that, with several high-power stations sharing the
same channel, high-fidelity reception is possible at only
relatively short ranges, where the signal strength is sufficient
to override interference from stations in the same and
adjacent channels and from local electrical appliances.
It can be shown both mathematically and by graphical
synthesis that the waveform of a carrier f0 amplitude
modulated at a frequency /m, is equivalent to a fundamental
component of frequency fc and two sideband components of
frequency/c+/,„ and
In order to transmit and receive
both sidebands for the full 15 kc/s range of musical fre
quencies, a carrier separation of 30 kc/s would be necessary.
Such a scheme would be impracticable, because of the
limited number of channels which would be available and
the impossibility of siting transmitters sufficiently far apart
to avoid overlapping of their service areas. Even with the
present 9 kc/s channel separation, carrier interaction between
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two adjacent channels can produce an audible 9 kc/s whistle,
while any carrier drift which reduces the separation causes
an increase in an objectionable form of interference known
as sideband chatter, accompanied by an audible note of
frequency equal to the frequency difference of the carriers.
In short-wave broadcasting on wavelengths between 10
and 100 metres, the sky wave plays the leading role. Its
chief merit lies in the relatively low absorption losses and
the long ranges attainable. The sky wave, however, is
subject to the caprices of the ionosphere, and signals are
too variable and liable to diversity fading and distortion to
be of much value in the field of high quality reproduction.
For this reason the short-wave band has been replaced by
the v.h.f. band in most modern equipment.

AUDIO
FREQUENCY

INTERMEDIATE
FREQUENCY

amplifier!
VARIABLE
MU PENTODE

AUDIO
FREQUENCY

INTERMEDIATE
FREQUENCY

SIGNAL
FREQUENCY

MIXER

I.E
AMPLIFIER
470kc/s

A

MU PENTODE

variable

OSCILLATOR

COMBINED
I OUTPUT
DEMODULATOR &
'i'i'1J-V
A.F. AMPLIFIER

diode-triode

pentode

OR
OR
DOUBLE DIODE- 2 PENTODES IN
PUSH-PULL
TRIODE

TRIODE-HEXODE
OR HEPTODE

Fig. 1. Block diagram of a typical superheterodyne a.m.
broadcast receiver.
A.M. TUNERS
The superheterodyne circuit has almost entirely super
seded the straight or tuned r.f. circuit. Normally, if more
than two sharply tuned r.f. stages are attempted in a straight
circuit, it is difficult to maintain stability. Tuning alignment
becomes increasingly difficult as the number of stages is
increased and the selectivity falls off with increase of signal
frequency. A block diagram of a typical superheterodyne
receiver is shown in Fig. 1. After one stage of signal
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frequency amplification (often omitted in practice), the fre
quency is changed to a fixed intermediate frequency (i.f.),
usually 470 kc/s, at which most of the amplification takes
place. This is a much more stable arrangement. The higher
Q factor of the i.f. coils improves the selectivity, which
remains substantially constant over the whole frequency
range of the receiver, and the i.f. does not have to be re
adjusted each time a signal is tuned in.
Selectivity and Band-width
The relationship between selectivity and band-width is
of primary importance to the quality of reproduction.
Insofar as the sideband frequencies are not amplified
uniformly, there will be corresponding deficiencies in the
audio frequency response after demodulation. Ideally, the
amplification/frequency curve should have a flat-top with
a sharp cut-off over the widest possible acceptance band,
consistent with selectivity. Unfortunately, wide band
response and selectivity are two mutually conflicting
i-i

5
§ ,0

I

1
O
u.

100“

a

>

£ IOOOUJ

FREQUENCY, Re/s OFF RESONANCE

Fig. 2. Typical selectivity curve.
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requirements. In the present congested state of the
frequency spectrum it is necessary to compromise by sacrific
ing band-width to selectivity, and in most a.m. receivers for
other than local station reception the sideband response is
cut to ±4-5 kc/s.
The selectivity or ability of a tuned circuit to discriminate
against unwanted frequencies is most conveniently expressed
in the form of a resonance curve showing output voltage
attenuation below the peak value plotted against a range of
frequencies above and below the resonance frequency, as
shown in Fig. 2. If the output voltages are plotted on a
logarithmic scale, the attenuation can be expressed directly
in decibels. The following relationship enables the attenua
tion to be calculated when a linear scale is used:
5=20 log* (EJEr)
where Er is the voltage at resonance and Ex the voltage at
any frequency off resonance.
Numerically, selectivity is sometimes defined by the ratio

S=fJ2*f
where fr is the resonant frequency at which the gain is a
maximum, and 8/ the frequency change required to reduce
the gain to 1/^/2 or 70 per cent of the maximum value.
Thus, if this is accepted as a criterion for band-width, a
band-width of 9 kc/s at a carrier frequency of 1,000 kc/s
would require a selectivity of 1,000/9 or 111.
The selectivity of a tuned circuit depends mainly on its
Q factor or its reactance-to-resistance ratio, and is nearly
proportional to Q at frequencies well removed from
resonance. To obtain a narrow pass band with high
magnification, the circuit resistance must be kept as low as
possible. Conversely, the pass band is widened and the
magnification reduced by increasing the resistance. This
is often done, in practice, by connecting an equivalent
damping resistance in parallel with the circuit.
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Aerial Input Circuit
The high (J-factor required to attenuate image and other
interference signals sufficiently for clean reception causes
sideband cutting and loss of the higher audio frequencies.
Improved selectivity and a sensibly flat-topped response
can be obtained by the use of an additional r.f. amplifier
with band-pass tuning, as shown in Fig. 3. A combination
of mutual inductance and capacitance coupling helps to
maintain constant band-width, but both these measures

Fig. 3. Band-pass
aerial input circuit.

■r
?a

j

x
involve the complication of extra coils and ganged tuning
capacitors. Negative current feedback, introduced by the unby-passed cathode resistor, reduces cross-modulation from
strong interference signals.
Variable band-width is useful for local station reception,
but it is important that excessive signal strength does not
drive the r.f. valve into the non-linear limits of its character
istic. Since the carrier is amplitude modulated, the a.f.
envelope may become appreciably distorted during deeply
modulated passages.
Frequency Changer
Frequency changing is achieved by interaction of the
signal and local oscillator frequencies, fs and /0, on the
electron stream in either a triode-hexode, triode-heptode or
heptode valve, the output containing sum and difference
frequencies f0±fs. The difference frequency fa—fs is
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5. Pentagrid frequency changer.
selected by a pre-tuned anode circuit. Fig. 4 shows a
typical triode-hexode arrangement with wave-change switch
ing omitted. The local oscillation is generated by the
triode section.
It is usual to apply the signal to the control grid Gl.
G2 and G4 are screen grids. Grid G3, which is connected
internally to the triode grid GT, modulates the electron
stream of the hexode section. The resulting difference
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frequency is selected by adjusting the i.f. circuit to the lower
of the two beat frequencies. In order to keep the i.f.
constant for all incoming carrier frequencies, the aerial
tuning and oscillator capacitors are ganged. Correct tracking
of both circuits is normally achieved by adjusting the trim
ming capacitors at the high frequency end and the dust-cored
coils at the low frequency end of the waveband.
The triode-heptode arrangement is similar, except that it
has an additional suppressor grid next to the anode, con
nected internally to the cathode.
In the pentagrid circuit, Fig. 5, grids G1 and G2 function
as the grid and anode of the local oscillator. The signal is
applied to grid G3. G4 and G5 are screen and suppressor
grids.
I.F. Amplifier
The i.f. amplifier consists of one or two inductively
coupled band-pass stages. Increasing the number of
tuned stages sharpens the selectivity at the expense of the
band-width. Fig. 6 shows the effect on the amplification
curve of two simple tuned stages. In a two-stage amplifier
it is, therefore, necessary that the Jj-factor should not be
too high if the band-width is to be preserved.
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Fig. 6. Selectivity of one and two
stages of r.f. amplification.
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The ideal i.f. amplification characteristic would be
rectangular with sides equally spaced from the mid-i.f. by
the required a.f. band-width, as shown in Fig. 7—A. This
condition is approximated by tuning both the primary and
secondary of a tightly coupled i.f. transformer to the
mid-frequency. It may be shown that, because of the
mutual inductance, the combination will resonate at two
frequencies, one slightly above and one slightly below the
natural frequency of the circuits : the tighter the coupling,
the greater the frequency separation. Fig. 7—B shows the
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-4-5 I.E +4-5
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(470 kc/S)

' (3 C,RCU,TS)
FREQUENCY, kc/S

Fig. 7. Ideal and practical response curves.
kind of double-humped response obtained, which- can be
made to approach a reasonably flat response if the selectivity
is not too great. A similar response can also be produced by
staggering the tuning of the separate tuned circuits to
slightly different frequencies. Fig. 7—C shows the effect
of stagger-tuning three circuits in this way. It is also
possible to achieve an approximately flat response by
over-coupling one tuned transformer stage to produce a
well spaced double hump, and single tuning a second stage to
produce an intermediate hump which will fill the trough.
There are several ways in which unwanted signals can
produce spurious i.f. responses. The most important of
these are :
(a) A second-channel (image) received signal above or
below the local oscillator frequency, and differing from the
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tuned signal by twice the i.f., which beats with the local
oscillator to produce the same i.f.
/,=/„-/; (‘mage signal to an i.f. =/,-/„)
/,=/»+/, (image signal to an i.f.=/„—/,)
This is in practice usually the most common form of
spurious response. It can be reduced by increasing the
selectivity of the aerial input circuit or by the use of a tuned
r.f. amplifier.
(6) Two received signals having a frequency difference
equal to the i.f., beating together independently of the local
oscillator.
fsl fs2 fi
fs2 fsl ==Ji
Provided the selectivity of the aerial circuit is sufficient
to discriminate between signals differing from the wanted
frequency by half the i.f., this type of interference is not
troublesome.
(c) A signal frequency differing from harmonics of the i.f.,
by up to 4-5 kc/s, or whatever the a.f. band-width may be.

fs=nfi±(0 to 4*5 kc/s)
where n is a harmonic multiple of the i.f.
If the selectivity of the aerial circuit is insufficient to dis
criminate against the unwanted signal, it may be eliminated
by inserting a rejector circuit tuned to the interfering signal
in the aerial input circuit.
(d) Strong signals from shipping and coast stations
operating on the 600 m. (500 kc/s) band, near the i.f.
These can usually be minimised by inserting a rejector
circuit tuned to the unwanted signal in the aerial or r.f.
circuit.
Demodulator
The unidirectional conductivity of the diode is the basis
of most demodulators used to-day. Provided the signal input
voltage is not too small, the diode is a more linear rectifier
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Fig. 8. Simple diode demodulator.

than the earlier anode bend or leaky grid types. There are
several possible variations of the diode circuit, the simplest
being shown in Fig. 8. The modulated i.f. voltage is
rectified by the diode, and the combination of the resistance
R1 and shunt capacitance Cl acts as a filter for the r.f.
component.
The voltage drop in the diode, due to its forward d.c.
resistance R(l (the resistance during the conductive half cycle)
prevents the capacitor from charging to the full peak input
voltage. The ratio of the voltage across the capacitor to the
peak input voltage, expressed as a percentage, is termed the
detection efficiency, and only approaches 100 per cent with
high ratios of Ri/Rd. Rd varies inversely as the current pulses
flowing through the diode, causing the detection efficiency
to rise and fall, thus introducing some harmonic distortion
in the output. Minimum distortion and maximum a.f.
voltage output are obtained with a high ratio of RJRj.
Too low a value of Cl also reduces the detection efficiency.
Too high a value prolongs the time constant of discharge
and prevents the load voltage from following the a.f. wave
form faithfully, which may be a further source of harmonic
distortion. The rate of discharge of Cl depends on the time
constant (Cl X Rl), and should not be less than the maximum
rate of change of the modulation envelope. Typical values
of Cl and Rl are 100 pF. and 250 k& respectively. Since
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rectification is never 100 per cent efficient, there is a small
d.c. component present with the a.f. in the output. This
is eliminated by the capacitance C2 connected in series with
the output lead.
A type of demodulator which finds favour in high-fidelity
reception is the cathode-follower detector, also called the
infinite impedance or reflex detector. This circuit, shown
in Fig. 9, makes use of a triode which functions as an anode
bend detector with 100 per cent negative feedback. Its chief
H.T.+

MODULATED gjj:

C3

R2

■—p/vwv-j- u »

ru:

Rll

—Cl

—C2 OUTPUT

Fig. 9. Infinite impedance “ cathode-follower ”
demodulator.

merit is its extremely high input impedance, which imposes
negligible damping on the input circuit. In other respects
its performance is comparable with the diode. With large
input voltages of the order of 10 volts the total harmonic
distortion at 100 per cent modulation is less than 3 per cent.
For a given type of triode, however, there is a maximum limit
at which grid current starts to flow and distortion increases.
Components: Fig 10
VI
V2
V3
V4
Cl
C2
C3
C4
C5
C6
C7
C8
C9

X79
W77
L77
U709
200pF
15pF
200pF
lOOpF
0-OSjxF
2,000pF
lOOpF
lOOpF
l.OOOpF

CIO
Cll
C12
C13
C14
C15
C16
C17
C18
C19
C20
C21
C22

0-1
005
200pF
200pF
200pF
750pF
0-05/xF
lOOpF
0-05/xF
0-05/zF
lOOpF
lOOpF
lOOpF

C23
C24
C25
C26
C27
R1
R2
R3
R4
R5
R6
R7
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16 + 16/*F
8/xF
lOOpF
200pF
O-25/xF
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1M
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220/2
10k
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RIO
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R18
MR1
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22k
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100k
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The cathode resistor R1 serves the purpose of both the
load and grid biasing resistor. Its value is made much
higher than is the normal practice for a cathode biasing
resistor, so that, in the absence of a signal, anode current
almost cuts off, in the same way as with the anode bend
detector, but since the current is low, the valve behaves as a
cathode-follower with reverse feedback and a gain of less
than unity. Suitable values for R1 are 50 kfl and for Cl
100 pF. The combination C2-R2 is a low-pass filter which
provides additional r.f. decoupling between circuits. C3 is
a blocking capacitor which eliminates the d.c. component.
After demodulation, the signal is passed to the pre
amplifier.
Typical A.M. Tuner
Because of the band-width limitations and inferior signalto-noise ratio of a.m. broadcasting, less attention has been
given to the development of high grade a.m. tuners in recent
years. A few manufacturers have produced tuners for high
quality local station reception. Fig. 10 shows a typical a.m.
tuner of this type developed by the G.E.C. for home
construction.
This unit is designed to feed a high quality amplifier as
an alternative to an f.m. unit, and is based on the super
heterodyne principle. Switched tuning permits any one of
four pre-set stations to be selected by switch SI. The
frequency changer, VI, is an X79. Variable selectivity for
local and distant station reception is provided by switch S2.
The single i.f. amplifier stage, V2, is a W77. An infinite
impedance detector, V3, employing an L77, has been chosen
to ensure low harmonic distortion and provide a low im
pedance output for matching to a suitable amplifier. A
crystal diode, MR1, type GEX45/1 supplies the rectified
voltage for a.g.c., which is applied to the grid circuit of the
r.f. amplifier section of the frequency changer. The unit
incorporates its own power pack, and the h.t. supply is
obtained from a full-wave rectifier, V4, a U709.
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6
F.M. RADIO TUNERS
The portion of the v.h.f. range known as Band II allotted
to broadcasting extends from 87*5 to 100 Mc/s. Waves at
these frequencies travel by direct paths, restricting the range
to little more than the “ line of sight
Atmospheric re
fraction, however, causes the path to follow the earth’s
curvature to some extent, extending the range beyond the
horizon limit. Radiation at any appreciable angle to the
horizon normally penetrates the upper layers of the iono
sphere, making the sky wave ineffective, while that traversing
the earth contours is attenuated within a short distance by
losses in the soil, trees and elevations in the path. The
serviceable range depends mainly on the height of the trans
mitting and receiving aerials above the intervening terrain
and the existence of an unobstructed path between them.
FREQUENCY MODULATION
When a wave is amplitude-modulated, its amplitude is
made to vary in proportion to the modulating voltage at a
rate corresponding to the modulation frequency. With fre
quency modulation, the carrier wave remains constant, but
its frequency is caused to deviate above and below the
normal value in accordance with the modulating voltage, at
a rate proportional to the modulation frequency. The
difference between the two methods is illustrated in Fig. 1.
An amplitude-modulated wave of frequency /., modulated
at a single frequency /„,, is attended by two sideband fre
quencies/^/,,,, displaced equally above and below the carrier
frequency by an amount equal to the modulation frequency,
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(a)
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Fig. 1. Comparison of carrier amplitude and frequency modu
lation. (a) Slight amplitude modulation {weak a.f. ?iote) ;
(b) slight f.m. ; (c) heavy a.m. ; {d) heavy f.m. ; (e) f\m. carrier
with a. f. component of lower frequency than in (d).

and having an amplitude m/2 times the carrier amplitude,
where m is the modulation index (m=1 for 100 per cent
modulation). For example, a carrier of 1,000 kc/s amplitude
modulated by an audio frequency of 10 kc/s will have two
sidebands of 990 kc/s and 1,010 kc/s, and will require a
reception band-width of 20 kc/s.
On the other hand, a frequency-modulated carrier,
modulated at a frequency fm is accompanied by an infinite
series of sideband components of frequency /c, /c=t/,«>
/c±2/m,/ci3 fm... and so on, extending through all the
harmonics of the modulation frequency. The magnitudes
of these sideband components vary in a complex manner
with the modulation frequency and the frequency deviation.
For the satisfactory reproduction of audio frequencies up
to 15 kc/s a band-width of 200 kc/s has been generally
accepted for the standard frequency deviation of 75 kc/s.
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Advantages of Frequency Modulation
The advantages of frequency-modulated v.h.f. broad
casting over medium-wave amplitude-modulated broadcast
ing are : (1) Despite the increased frequency requirements
of each f.m. station, greater band-widths can be accom
modated without mutual interference, since the frequency
band allotted to v.h.f. broadcasting is more than twelve
times as great as that for medium wave broadcasting, and
the interference zones are reduced by the more restricted
range. (2) Virtual elimination of local electrical interference,
which is mostly impulsive and is propagated by amplitude
modulation rather than frequency modulation, unwanted
a.m. signals and fading. An f.m. carrier remains substantially
constant under modulation, and any unwanted amplitudemodulation can be removed by the use of an amplitude
limiter or a ratio detector. (3) Improved signal-to-noise
ratio and reduced background noise. The improvement is
apparent only so long as the field-strength of the signal
carrier exceeds that of the peak noise. The condition of
equal signal and noise strength is known as the “ improve
ment threshold
Noise is further reduced by pre
emphasising the higher frequencies at the transmitter and
de-emphasising them at the receiver to restore uniformity
of response. (4) Higher quality of reproduction, mainly
because of the increased band-width, freedom from inter
ference and low noise level. (5) Better discrimination
against adjacent channel transmissions. (6) For equal carrier
powers, frequency-modulation provides a stronger average
signal than amplitude-modulation, because the carrier
remains constant and no extra power has to be supplied
during modulation.
Frequency Modulation Definitions
Frequency Deviation : The maximum frequency variation
in either direction from the carrier frequency. This is
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standardised at ±75 kc/s in Europe and the U.S.A., giving
a total swing of 150 kc/s.
Modulation Index or Deviation Index : The ratio of the
frequency deviation to the audio frequency in kc/s.
frequency deviation 8fc
modulation frequency fm
The index varies with the amplitude and frequency of
modulation.
Audio Frequency Band-width : 16 to 15,000 c/s ±1 dB.
Deviation Ratio : The index figure at the peak of the
swing for the highest modulation frequency, or the ratio
maximum deviation
*fc max.
highest modulation frequency fm max
Thus the deviation ratio for standard f.m. broadcast trans
missions is 75/15 =-5. The ratio is a measure of the rate of
frequency modulation.
Sidebands : For practical purposes the overall band-width
for the standard deviation of 75 kc/s is 2§ times greater
than the deviation, i.e. 200 kc/s.
F.M. RECEIVERS
The normal f.m. receiver follows standard superheterodyne
practice as far as the final i.f. stage. Fig. 2 shows a typical
DIPOLE
1-STAGE R.E
AMPLIFIER
7Mc/s

FREQUENCY

FREQUENCY
MODULATED
RADIO FREQUENCY

.
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AMPLITUDE
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Fig. 2. Schematic diagram of a v.h.f./f.m. broadcast receiver.
94

receiver in block schematic form. The usual sequence
consists of a single r.f. amplifier, a frequency changer and
one to three i.f. stages. As with the a.m. receiver, most of
the amplification is carried out at a fixed intermediate
frequency, and adjacent channel selectivity is provided
mainly by the i.f. stages. In some receivers one or more
i.f. stage acts as an amplitude limiter, which removes any
amplitude variation of the carrier, caused by interference
or noise, before demodulation.
At this stage the i.f. signal is still frequency-modulated,
and it is first necessary to convert it into an amplitudemodulated signal before it can be demodulated. A
frequency/amplitude converter or discriminator changes the
i.f. signal to an a.m. carrier with the frequency modulation
still present, and a diode detector passes the amplitude
variations and eliminates the carrier.
A complete f.m. receiver includes also the a.f. amplifier
and power pack. In high-fidelity assemblies, however, the
a.f. amplifier and power pack invariably form a separate
unit, equipped with separate matched inputs to accept a
tuner unit, pickup, tape-deck or microphone. There is
considerable variation in circuit design, but the main
differences between an f.m. tuner and an a.m. tuner are :
(1) Increased band-width of the tuned i.f. stages to 200
kc/s to accommodate the maximum frequency deviation of
the carrier in either direction. (2) A much higher inter
mediate frequency, usually 10-7 Mc/s. The choice is
governed by the need to obtain the necessary band-width
and to avoid image signal responses, which depend on the
frequency range of the receiver. In practice, the i.f. is
made somewhat greater than half the frequency range
covered by tuning. (3) Stabilisation of the local oscillator
and, in many models, the inclusion of automatic frequency
control (a.f.c.) to minimise or eliminate frequency drift
caused by temperature changes. (4) Replacement of the
a.m. detector by a frequency/amplitude converter. (5)
Inclusion of an amplitude limiter stage, or a ratio detector
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having inherent limiting properties, to suppress unwanted
amplitude modulation and exploit the noise suppression
value of f.m. to the fullest extent. (6) The use of pre
emphasis at the transmitter and de-emphasis at the
receiver. Noise appearing at the a.f. stages is conveyed
mainly by the higher audio frequencies. Over-accentuating
them in the transmission and restoring them to normal
level after detection greatly improves the signal-to-noise
ratio. (7) Reduction of a.c. hum to a minimum by double
decoupling the anode and screen grid circuits of the frequency
changer and sometimes the r.f. stage.
R.F. Amplifier
The r.f. amplifier does not contribute greatly to the gain.
Its chief function is to improve the signal-to-noise ratio
and help to prevent oscillator radiation from the aerial.
The oscillator may possibly be tuned to a fundamental fre
quency within Band II, or to a frequency whose second
harmonic falls within Band III. If fed back to the input
and re-radiated, this would interfere with neighbouring
v.h.f. or television receivers. The r.f. stage also provides
discrimination against image signals and interference
signals at harmonic frequencies of the i.f.
H.T.+

Fig. 3. Wide-band
pentode r.f.
amplifier.

R.R INPUT
FROM DIPOLE
VIA LOW LOSS
CABLE

TO
FREQUENCY
CHANGER

Signal voltages developed in the dipole are transferred
by a low-loss balanced twin or co-axial cable to tappings
on the tuning coil or a separate coupling coil, as in Fig. 3.
The input and anode coils are usually permeability tuned,
mainly because ganged capacitors occupy more space, and
spurious coupling, via the spindle, can introduce oscillator
feedback. In combined a.m./f.m. tuners, however, it is
more convenient to make use of the tuning capacitors
required for the a.m. section.
Wide band tuning permits the input and anode coils to
H.T.+
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Fig. 4 (left). Earthed-grid
triodc r.f. amplifier stage.

1

Fig. 5 (belozu). Basic circuit
of the cascode r.f. amplifier.
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be pre-set to the mid-frequency of the band embraced by
the three B.B.C. transmissions. These transmissions are
spaced 2-2 Mc/s apart, so that a total pass band approach
ing 5 Mc/s is necessary: 7 Mc/s or more is usual, The
necessary resonating capacitance is provided by the inter
electrode and stray circuit capacitances, sometimes supple
mented by a small fixed capacitor.
Several circuits are possible ; the best-known are the
pentode, the conventional earthed-cathode triode, the
earthed-grid triode and the cascode. Fig. 3 illustrates a
typical pentode circuit. Although the pentode has a higher
gain than the triode, the gain decreases and valve noise
increases at the higher radio frequencies. The triode, on
the other hand, has a lower noise level.
The earthed-grid triode (Fig. 4) is frequently combined
• with a self-oscillating triode frequency changer in a doubletriode. Its earthed grid forms an effective screen against
oscillator feedback and it gives a better signal-to-noise ratio
than the pentode. The low input impedance and heavy
damping across the input circuit is a disadvantage, but this
can be overcome by preceding the valve by an earthedcathode triode to form a cascode amplifier, as in Fig. 5.
The cascode provides the gain of a pentode with a lower
noise level, but since it requires an extra valve, it is only
found in the more expensive models.
Frequency Changer
Frequency changing in f.m. reception is based on the
same principles as in a.m. Sum and difference frequencies
are generated by interaction of the signal and oscillator
frequencies in the mixer stage, without changing the
modulation frequency. The frequency changer may be a
self-oscillating triode or pentode, or alternatively a triodehexode or triode-pentode with the triode section as oscillator.
A typical triode-hexode frequency changer is shown in
Fig. 6 (a).
Fig. 6 (6) shows one form of the self-oscillating pentode.
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Typical frequency changer circuits, (a) Triode-hexode with
triode as oscillator, (6) self-oscillating pentode.

Oscillation is produced by inductive coupling between the
grid and anode coils LI and L2. The two halves of the
centre-tapped grid coil LI, the capacitance Cl and the
input grid-cathode capacitance of the valve together form
a balanced bridge circuit. When the circuit is correctly
balanced, no oscillator voltage appears between the centre
point of LI and earth and no energy is fed back from the
oscillator to the r.f. stage.
At the very high frequencies employed for frequency
modulation it is necessary to take special precautions
against frequency drift of the oscillator. The frequency
deviation coverage of the linear portion of the discriminator
response curve is normally about 200 kc/s for the maximum
deviation of 75 kc/s. With such a small tolerance an i.f.
carrier drift of more than about 20 kc/s may swing the
signal into the bends of the curve and cause distortion.
Measures taken to stabilise the oscillator include : (a)
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The use of negative temperature coefficient capacitors to
compensate for variations of interelectrode capacitance and
inductance with temperature change. (b) Shielding and
locating the frequency determining elements away from
valves, mains transformers and other heat-producing
components, (c) A relatively large tuning capacitance to
mask the changes of valve capacitance. (d) Tuning the
oscillator below the signal frequency by an amount equal
to the i.f. rather than above it. Drift is usually less at the
lower frequency.
As previously mentioned, oscillator feedback is largely
prevented by the r.f. buffer stage. It is also important to
screen the oscillator and mixer and to eliminate all possible
sources of spurious coupling.
I.F. Amplifier and Amplitude Limiter
This normally consists of one or two pentode stages ;
two are essential for reception at maximum range. Band
pass response is achieved by double-tuned transformer

AMPLITUDE
CONTROLLED
I.F.

INPUT WITH UNWANTED
AMPLITUDE MODULATION

wim

OUTPUT WITH AMPLITUDE
MODULATION REMOVED

7. Saturated amplifier amplitude limiter.
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coupling. The coils are permeability tuned and pre-set
to the i.f. carrier frequency. With high-g coils, especially
if there are two stages, it is necessary to shunt the primary and
sometimes the secondary windings by damping resistances
to obtain the required 200 kc/s pass band.
The amplitude limiter may take one of many possible
forms. Probably the most popular is the saturated amplifier
shown in Fig. 7. In this circuit the valve is a non-variablemu pentode, operated so that anode current cuts off at a low
value of grid bias. The voltage developed across the grid
resistance R by grid current provides variable biasing
proportional to the carrier voltage. In this way the ampli
fication factor is made to vary inversely as the input signal
voltage, thus reducing the gain if the amplitude rises and
increasing it if the amplitude falls.
A suitable time constant for the CR combination to
allow the bias voltage change to follow the modulation
envelope is 10 /z sec. with values of C and R equal to 100 pF.
and 100 kQ respectively.
The Discriminator
The discriminator performs the dual function of converting
frequency modulation to amplitude-modulation and of
demodulating the carrier.
In its simplest form the discriminator consists of a parallel
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fr=resonant frequency
fc=carricr frequency
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Fig. 8. Elementary discriminator circuit.
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resonant circuit LC and a diode, as shown in Fig. 8,
Ordinarily, the voltage across L and C would have its
maximum value when the circuit is tuned to the incoming
i.f. carrier frequency. But if it is tuned to a frequency
slightly above or below the carrier frequency, so that the
carrier frequency falls on the mid-point O of the slope of
the resonance curve, frequency deviations in one direction
bring the signal more nearly into tune, causing the voltage
across the circuit to increase. Deviations in the reverse
direction cause the voltage to decrease. Thus the voltage
across the circuit varies roughly in a linear manner with
frequency deviation in either direction, so long as operation
is confined to the relatively straight section PQ of the curve.
The result is a combined amplitude and frequency-modulated
carrier, which is applied to the diode to produce an a.f.
vo tage across the load resistance R and eliminate the carrier.
This is a simple but not very practical way of producing
an a.f. output. The circuit would have to be too heavily
damped to reproduce the full a.f. band-width and would
lack the linearity necessary to generate an output voltage
strictly proportional to the frequency deviation.
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By combining two such circuits, each operating about
points on opposite slopes of the resonance curve, and con
necting the diodes in anti-phase so that the rectified outputs
are additive, the linear working range and conversion
efficiency are doubled. This arrangement is the basis of the
discriminator shown in Fig. 9.
Fig. 10 shows the resonance curves for both circuits and
the general shape of the combined conversion characteristic,
which is the difference between them. Points P and Q
represent the resonant frequencies of each circuit. At O the
output is zero. Provided operation is restricted to the straight
section between A and B, the rectified output voltage is
strictly proportional to the frequency deviation.
The Foster-Seeley Discriminator
A similar shaped curve is obtained with the Foster-Seeley
discriminator (Fig. 11). The action of this circuit depends
on the phase-discriminating properties of the two resonant
circuits, and it is capable of developing a high output with
a high degree of linearity. The frequency-modulated voltage
H.T.+
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is fed to the discriminator diodes partly by mutual inductance
and partly by capacitative coupling. At resonance these two
voltages are 90° out of phase with each other and the voltages
applied to the diodes are respectively the vector sum and
difference of the voltage Ev due to inductive coupling, and
half the voltage E2\2, due to capacitive coupling. But since
the magnitudes of the resultants are equal, the output voltage
is zero. A frequency change in either direction causes the
phase difference to increase or decrease, depending on the
direction of the change. The resultant voltages impressed
on the diodes are now no longer equal in magnitude, and
alternate between one diode and the other according to the
sense of the frequency change. Thus, additive a.f. voltages
appear across the output resistances R1 and R2.
The Ratio Detector
This is a development of the phase discriminator and is
employed in most domestic tuners, mainly because it has
self-limiting properties and does not require a separate
amplitude limiter. Two matched thermionic or crystal
H.T.+
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diodes or a double-diode are required, but in the ratio
detector they are connected in series aiding instead of in
anti-phase.
There are several variants of the circuit. Fig. 12 shows
the balanced version. The diodes, together with the
resistance-capacitance combination Rl, R2 and Cl, provide
variable damping on the input circuit, which opposes any
tendency for the amplitude to change due to unwanted noise
and interference. A tertiary winding L3, tightly coupled to
the primary winding LI, forms with the secondary a stepdown transformer and provides the effective primary voltage.
The secondary is wound in two halves of equal inductance,
tuned and adjusted for equal coupling by pre-setting the
iron-dust core.
The effective voltage applied to each diode is the vector
sum of the primary voltage and half the secondary voltage
(2?!+EJ2). While the carrier is unmodulated, these two
voltages are 90° out of phase, but their magnitudes are equal,
and the voltage across AB is zero. When the frequency
deviates in either direction, the phase angle between E1 and
EJ2 increases in one-half of the secondary and decreases in
the other half. The resultant voltage across diode D1 rises,
while that across diode D2 falls by an equal amount. Con
versely, when the frequency deviates in the opposite direction,
these conditions are reversed, and an a.f. voltage is developed
across the points AB.
Since the diodes function in series, the rectified voltages
produced across Rl and R2 have the same polarity and are
additive. Rl and R2 are made equal, and so long as the
carrier amplitude does not change, the total d.c. voltage
across them remains constant. During modulation the
voltage across Rl increases or decreases, depending on the
direction of the frequency deviation, and the voltage across
R2 decreases or increases reciprocally, the total voltage re
maining constant, regardless of the deviation, so long as the
carrier level does not change. As the total voltage is pro
portional only to the carrier level, the negative end is a
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convenient point for connecting a tuning indicator or an
a.g.c. lead.
Cl is a large capacitance, about 4/xF., inserted to stabilise
the voltage across R1 and R2 and control the conduction
of the diodes, so that they function correctly as a variable
damping resistance. A suitable time constant C1(R1+R2)
for the combination is 0-1 to 0-2 sec. with R1 and R2 each
6-8 k£2, which is large compared with the time period of
any amplitude modulation that may be present.
In situations where the signal-to-noise ratio is high, a
well-designed ratio detector is economical and satisfactory.
In areas where the signal is weak or local interference heavy,
the Foster-Seeley discriminator has the advantage.
Special care is necessary in the design and alignment of
discriminator circuits to maintain perfect electrical symmetry,
so that the carrier is kept correctly centred on the response
curve.
Automatic Frequency Control
Automatic frequency control can be applied to the local
oscillator by means of a variable reactance control valve,
connected in such a way that it functions as a compensating
H.T.+
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inductance or capacitance in parallel with the oscillator
tuning circuits, as in Fig. 13. It is a fundamental property
of a reactance that the current flowing through it is 90° out
of phase with the applied voltage. The phase relationship
between the anode current and anode voltage of a valve
can be controlled by altering the phase of the grid voltage,
so that the valve behaves as a variable reactance.
A fixed capacitance Cl is connected between grid G3
and cathode, and a fixed resistance Rl, large compared with
the reactance Cl, is connected between the anode and the
grid. C2 is a d.c. blocking capacitor. The voltage developed
across Cl lags behind that of the tuned circuit and the
current through the valve. But, since the grid controls the
anode current, and the grid voltage lags behind the anode
voltage, the anode current also lags behind the anode voltage.
Thus, the valve simulates an inductance connected across the
tuned circuit LC.
The control voltage derived from the output of the
discriminator is applied to the signal grid G1 of the valve.
If the i.f. carrier voltage changes as a result of oscillator
drift, the control voltage impressed on G1 also changes.
Corresponding variations of anode current produce variations
of the effective inductance across the tuned circuit, and a
compensatory frequency change which is always in opposi
tion to the original frequency drift.
One difficulty with a.f.c. is the so-called “ capture ”
effect, or tendency to select the stronger of two signals on
adjacent channels when tuning in. It is therefore an added
convenience to have a means of cutting out a.f.c. when
searching for weak signals.
The Tuning Indicator
Although not always included in an f.m. tuner, a visual
tuning indicator is much more sensitive and reliable than
the ear. The most popular type is the “ magic eye ”, but
a sensitive d.c. milliammeter may be found in the more
expensive tuners. Small changes of signal strength which
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cannot be detected aurally are made clearly visible by the
“ magic eye ”. It is essentially a combined triode amplifier
and a miniature cathode-ray tube contained in a single
bulb, as shown in Fig. 14.
The target anode A2 is coated with a fluorescent material,
which glows under the impact of electrons. These electrons
are emitted by the common cathode C and accelerated by
the control electrode G2, provided that the anode is main
tained at a positive potential with respect to the cathode.
It is convenient to monitor the signal by making use of
the d.c. voltage developed across the output of the dis
criminator (Fig. 12). This voltage is applied to grid G1
of the triode section. Normally, in the absence of a signal,
the grid is at a low negative potential with respect to the
cathode. When the grid receives a signal, it becomes more
negative, causing the voltage drop in the anode resistance
Ra to decrease, and hence the anode A1 and control electrode
G2, which are connected together, to become more positive.
A highly positive control voltage causes a sharply defined
shadow area on the luminous anode to close up or disappear,
the degree of closure being an indication of signal strength.
The shadow area may take the form of a band, a sector, a
cross or a Prince-of-Wales feather, as in Fig. 15 (a), (b)
and (c).
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CHOICE OF TUNER
Whether a tuner is purchased ready assembled and tested
or in kit form for home construction, it is false economy to
couple a cheap unit to a high quality amplifier. Most
amplifiers are designed to accept any make of tuner. Some
tuners incorporate their own power packs : others rely on a
separate power source or on the provision of a reserve in the
amplifier power unit.
For true high-fidelity performance an f.m. tuner should
have efficient noise suppression and freedom from the
annoyance of frequency drift and oscillator radiation.
Unless the i.f. carrier is accurately centred on the dis
criminator characteristic, unpleasant harmonic distortion
can occur on loud passages. The incorporation of a.f.c.
not only insures against the effects of temperature and
voltage variations, but provides some degree of tolerance for
mistuning. Re-radiation caused by break-through from
the oscillator can cause serious interference with television
reception when the second harmonic of a normal i.f. of
10-7 Mc/s encroaches on certain of the Band III allocations.
Within the inner service area sensitivity is unimportant,
but in zones of low field strength and high interference level
an additional i.f. stage and a high gain directional aerial are
usually necessary.
The circuit diagram of a typical high performance f.m.
tuner is shown in Fig. 16. This is one of a range developed
by Jason Electronic Designs Ltd. for home constructors.
The first five stages employ Mullard EF80’s. VI is an
orthodox pentode r.f. amplifier and V2 is the frequency
changer. V3 is a normal i.f. stage operating round a central
frequency of 10-7 Mc/s., followed by two limiter stages V4
and V5. A.G.C. is fed back from the first limiter to the i.f.
grid circuit, and the combination of A.G.C. with the double
limiting action ensures a high degree of a.m. rejection under
adverse conditions of local interference. A sensitivity of
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Components: Fig. 16
Vl-5
V6
V7
Dl, 2
Cl
C2
C3
C4
C5
C6
C7
C8
C9
CIO
Cll

EF80
ECC81
EZ80
GEX34
l.OOOpF
l.OOOpF
33pF
5,OOOpF
33pF
5,000pF
5,000pF
150pF
50pF
5,000pF
20pF

Cl 2
Cl 3
C14
C15
C16
C17
CIS
Cl 9
C20
C21
C22
C23
C24
C25
C26

33pF
l.OOOpF
l.OOOpF
0 05mF
S.OOOpF
5,000pF
SOpF
5,000pF
5,000pF
SOpF
5,000pF
200pF
0-05/xF
l.OOOpF
50 +50#xF

C27
C28
Rl
R2
R3
R4
R5
R6
R7
R8
R9
RIO
Rl 1
R12
R13

S.OOOpF
5,000pF
27012
6-8k
lk
470k
47k
lk
100k
1M
15k
68012
22012
100k
2-2M

R14
R15
R16
R17
R18
R19
R20
R21
R22
R23
R24
R25
R26
R27
R28

27012
lk
33k
100k
47k
100k
2-2M
47k
100k
100k
10k
470k
270k
47k
2k

5/xV. for IV. at the limiter grid (40 dB quieting) is claimed,
and full limiter protection against interference is obtained
when the second limiter begins to operate at around 50/zV.
V6 is an ECC81 double triode. The left-hand section
functions as a separate oscillator, which is coupled to the
frequency changer through L2 and L3, and the right-hand
section as a variable reactance valve for automatic frequency
control of the oscillator. If the output of the reactance
valve were applied direct to a conventional frequency
changer, the damping on the oscillator would be excessive
and oscillation might cease.
When the i.f. carrier frequency varies as a result of
oscillator drift, a correction voltage, depending for polarity
and magnitude on the direction and degree of mistuning,
is developed across R25 and applied to the grid of the
reactance valve, which compensates for mistuning of the
oscillator. The reduction of mistuning in this design is
about 10/1, so that an unusable mistuning of, say, 100 kc/s
is reduced to the negligible amount of 10 kc/s, thus con
fining the frequency deviation to the linear portion of the
discriminator characteristic. In practice, the total drift
from cold does not exceed 100 kc/s after several hours, and
the unit should, therefore, pull into tune immediately when
switched on. An adjustment is provided to permit the
a.f.c. to be reduced to facilitate tuning in and eliminate
“ capture ” effect from a strong signal on an adjacent
channel when searching for a weak station.
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Fig. 17. Schematic diagram of an a.m./f.m. tuner.

The tuner is self-powered and uses an EZ80 full-wave
rectifier (V7) for the h.t. supply. A similar unit is available
with three-position switched tuning to permit any one of
three pre-selected programmes to be tuned in. Further
information and constructional details can be obtained
from Data Publications Ltd. Data Book No. 12.
Combined A.M./F.M. Receivers
The most obvious scheme for a dual purpose receiver
would be to have separate f.m. and a.m. tuners switchable
to a common a.f. amplifier and power pack, but such an
arrangement would be uneconomical, and is likely to be
found only occasionally in assemblies built on the unit
principle.
Fig. 17 is a simplified diagram of the usual features of a
combined receiver. The r.f. amplifier preceding the
frequency changer in the f.m. section is normally not
required for a.m. reception, where the signal strength is
relatively much higher. Separate frequency changer
stages for a.m. and f.m. are essential. First, because pre-set
wide band r.f. tuning for the reception of the B.B.C. f.m.
transmissions would be quite impracticable for a.m.
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reception, where the band-width is restricted to 9 kc/s to
avoid adjacent channel interference. Secondly, because
the 200 kc/s i.f. band-width adopted for f.m. could not
be obtained with the 470 kc/s i.f. used for a.m. reception.
I.F. amplification at 10-7 Mc/s in f.m. reception is
greatly reduced by the heavy damping necessary for wide
band response. Where a single i.f. stage suffices for an
a.m. tuner, two or three are generally needed in a f.m.
tuner to compensate for the reduction of stage gain.
This difficulty is overcome in most receivers by employing
the a.m. frequency changer valve as the first i.f. amplifier
for f.m. The same i.f. circuits are used for both a.m. and
f.m. by connecting the i.f. transformers in series, since they
cause little mutual interference at the widely separated
i.f.s, or by switching in separate transformers.
When the receiver is operating on a.m., the h.t. line is
switched from the r.f. amplifier and frequency changer
stages of the f.m. section to the a.m. local oscillator. The
line remains connected to the a.m. frequency changer, 2nd
i.f. stage, a.m. detector and a.f. stages, which are in use for
both a.m. and f.m. operation.
Adjustments Affecting Quality of Reproduction
The quality of reproduction from an f.m. receiver can
be seriously marred by mistuning, misalignment of the
tuning circuits, asymmetrical response of the discriminator,
uncorrected frequency drift of the local oscillator or in
sufficient rejection of a.m. under conditions of “ multipath ” reception.
A distinctive feature of f.m. tuning is the increase in
distortion and noise level when the receiver is mistuned to
either side of the tuning point. A difference of 20 kc/s,
which represents quite a small change on a scale covering the
full 12-5 Mc/s tuning range, may be sufficient to cause the
carrier deviations to swing outside the linear limits of the
discriminator characteristic, although distortion may be
apparent only on loud passages. Oscillator drift due to
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temperature changes or variations of the mains supply
voltage will off-tune the carrier from the mid-frequency of
the i.f. pass band and produce similar results.
Alignment of the discriminator is doubtless the most
critical of all the adjustments. Mistuning the primary
affects the symmetry of the response characteristic.
Mistuning the secondary shifts the zero voltage point away
from the carrier frequency. Either defect can produce odd
harmonic distortion. Too tight a coupling increases the
separation between peaks but degrades the linearity. Too
loose a coupling brings the peaks closer together, restricting
the range and introducing mainly even harmonic distortion.
For effective noise suppression and freedom from a.c.
hum, it is important to preserve the electrical symmetry of
the discriminator circuits. Maximum a.m. rejection is
achieved with the balanced ratio detector when the load
resistances R1 and R2 (Fig. 12) are correctly centre tapped
to earth, although in some cases it can be improved by
slightly varying the relative values, preferably by the use of a
voltage divider instead of fixed resistors.
STEREOPHONIC BROADCASTING
Experimental methods of two channel stereophonic
broadcasting in Britain have until recently been confined to
the use of an f.m. or television sound transmission for one
channel and a second f.m. or an a.m. broadcast transmission
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for the other. In the U.S.A., where similar experimental
transmissions have been carried out for some time, the
f.m.-f.m. system has been dubbed “ Multicasting ” and the
a.m.-f.m. transmission “ simulcasting ”.
F.M. Multiplex Systems
A system that holds considerable promise for the future
is the f.m. Multiplex technique. By this system it is
possible to transmit simultaneously two separate channels
from a single transmitter and receive them on a single
tuner if a second channel adaptor is added. The principle
is illustrated in Fig. 19.
A conventional single channel f.m. transmitter is designed
to produce a frequency deviation of ^75 kc/s when fully
modulated and requires an overall band-width of at least
200 kc/s for high quality reproduction. In order to transmit
stereophonic sound, one channel is made to modulate the
carrier in the normal manner, while the other modulates a
supersonic sub-carrier. The sub-carrier frequency must
be at least 20 kc/s above the limiting audio frequency of
the main channel, and in the U.S.A. sub-carriers of either
67 or 42 kc/s, with deviations of ±8 kc/s, have been
used.
The audio frequency band of Channel A is recovered
at the tuner after demodulation and de-emphasis in the
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Fig. 19. Schematic diagram of an f.m. multiplex
receiver.
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usual way, amplified and fed to the left-hand loudspeaker.
The de-emphasising network effectively filters out the
high frequency band of Channel B. The portion of
the signal carrying the higher Channel B frequencies is
fed before de-emphasis to a high pass filter, a limiter and
a second demodulator, which steps down the signal to the
normal a.f. range. After de-emphasis, the signal is ampli
fied independently and applied to the right-hand loud
speaker.
F.M. stereo broadcasting began officially in America in
1961. The system approved by the F.C.C. is a two-channel
multiplex one, which makes use of the sum and difference
principle developed for stereo disc recording, and explained
in Section 10. The vector sum (A + B) of the audio fre
quencies in both channels is made to modulate the main
carrier in the normal way. At the same time, the vector
difference (A —B) amplitude modulates a 38 kc/s sub-carrier.
The sub-carrier is then suppressed and the products of
modulation are impressed on the main carrier by frequency
modulation. A 19 kc/s pilot carrier, which lightly modulates
the main carrier, provides the means for synchronising the
sub-carrier when it is re-established at the receiver.
The stereo receiver incorporates conventional f.m. circuits
as far as the detector output. A local oscillator, frequency
controlled and synchronised by the pilot carrier with the
main carrier, regenerates the 38 kc/s sub-carrier. A second
demodulator with filter networks separates the A and B
channels in the manner previously outlined. The original
audio components are finally recovered from the sum and
difference frequencies by the method described in Section
10, p. 228.
F.M. multiplex is a compatible system: a receiver
designed for stereo reception is equally suitable for single
or two channel operation. Standard American f.m.
receivers are commonly provided with a separate output
preceding the normal de-emphasis circuit for reception of a
second channel by the addition of an adaptor.
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British Developments
In Britain two methods of stereo broadcasting using a
single transmitter are under development.
The Percival system, introduced by
separates the
“ direction ” information from the sound programme and
transmits this as a narrow-band (100 c/s) channel above the
audible range at about 22 kc/s: since virtually all the
transmitter band-width is available for the sound informa
tion the service area of the transmitter remains practically
unchanged, unlike some other forms of multiplexing which
affect the range of the transmitter. The relatively simple
receiver unit includes a Hall multiplier which in effect
multiplies the received audio signal by the directional
information, and provides left-hand and right-hand channel
outputs.
An alternative system, developed by G. D. Browne of
Mullard, uses “ time multiplexing with pulse amplitude
modulation
In this system the two audio channels
remain independent but are radiated alternately for half
cycle periods at a frequency of 32-5 kc/s from a single f.m.
transmitter; this means briefly that the transmitter is
switched backwards and forwards between the two a.f.
channels so rapidly that the ear does not notice any breaks,
even though each channel is actually being radiated for half
the time. Thus, after “ decoding ” in the receiver, each
channel sounds as though it were being radiated continuously.
The separation between the two channels is claimed to be
sufficient to allow the system to be used for radiating two
independent single-channel speech broadcasts from the one
transmitter when it is not being used for stereo working.
The receiver decoder unit is again relatively simple.
Both these systems are “ compatible ”, meaning that the
owner of mono receiving equipment will receive a satisfactory
single-channel programme when tuned to the stereo
transmitter.
While there is little doubt that a technically effective
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stereo broadcasting service could be based on such systems
as those described above, and would not offer any very
difficult problems to the receiver manufacturer, it must be
remembered that the costs of a full stereo broadcasting
system would be considerably greater than for normal
mono systems. These extra costs would not only include
additional studio and transmitter equipment, but might also
include radical changes in the line distribution of programmes
to provincial transmitters for national coverage, The
distribution of stereo over normal music lines is not solely
a matter of duplicating the lines : differences in cable
characteristics such as are found in practice can impair the
stereo effect beyond 100 miles or so, and this represents one
of the major problems facing the inauguration of a regular
national stereo broadcasting service.
AERIALS FOR F.M. RECEPTION
The important objective of any receiving aerial is a high
signal-to-interference ratio. Maximum signal strength
with a minimum of local interference is obtained with an
aerial elevated as high as possible above the ground and most
sensitive to signals from the required direction. At low
heights the field strength is weakened and the gain reduced
by earth losses and absorption in neighbouring structures ;
the aerial is more sensitive to local interference originating
at low levels; and the directional pattern is distorted by
absorption and reflection from nearby conducting materials.
Within the primary service area a simple half-wave
dipole, constructed from high-tensile light-alloy tubing,
will generally provide a signal of sufficient strength for the
tuner unit. At greater ranges and in areas of high noise
e'|.or where interference from signals is reflected by
w'th if ^a.t^ls> which can cause distortion by interaction
he direct signal, a more directional response with
fere^Um forward gain is necessary to override the inter118
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Fig. 21. Reinforcement of field by a reflector.

Higher forward gain and front-to-back ratio is obtained by
adding parasitic elements behind or in front of the dipole.
A parasitic element is a resonant tube slightly longer or
shorter than the dipole and distinguished from it by having
no electrical connection. When suitably spaced within the
field of the dipole, its absorbs and re-radiates energy in
such a phase relationship as to reinforce the absorption by
the dipole in a particular direction. A parasitic element
behaves as a reflector if it increases the gain in the forward
direction when placed behind the dipole, and as a director
if it produces the same result when placed in front of it, as
viewed towards the direction of the transmitter (Fig. 20).
Fig. 21 shows graphically how a reflector reinforces the field
in the forward direction in the case of quarter-wave spacing.
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Table 1.—F.M. Aerial Data
Diameter of Tubing

Dipole Length

Reflector Length

Spacing

d (in.)

D (in.)

R (in.)

S (in.)

h

5270
F (Mc/s.)

5666
F (Mc/s.)

1

5400
F (Mc/s.)

5783
F (Mc/s.)

£

5453
F (Mc/s.)

5902
F (Mc/s.)

1770
F (Mc/s.)

With the present-day coverage provided by the transmitter
network in this country a dipole with a reflector will usually
give satisfactory performance well outside the primary
service area over level ground. In some shadow areas where
hilly terrain, thick woodland or high buildings intervene in
the immediate vicinity of the receiver, it may be necessary
to add one or more directors.
For local reception, where the signal-to-noise ratio is high,
a simple indoor aerial will sometimes suffice; but, unless
the position is well removed from busy motoring roads,
even the very low level of ignition noise may mar the other
wise silent background to reception expected from a good
f.m. tuner.
Formulae for the calculation of dipole and reflector
lengths are given in Table 1. It should be noted that the
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polarisation of the transmitting aerial must be taken into
account when erecting v.h.f. aerials. Horizontal polarisation
is used by the B.B.C. for the f.m. stations it has in operation
to date. For maximum signal-to-noise ratio the aerial
elements must be orientated horizontally in a line at right
angles to the direction of transmission.
INSTALLATION OF AERIALS
Before an aerial for a particular location is selected, it is
an advantage to study an Ordnance Survey map to ascertain
the distance from the transmitter, the contour levels of the
intervening terrain and the position of nearby motoring
highways. A knowledge of the field-strength prevailing in
the area and polar diagrams of the various types of aerial
are additional assets. If a multi-element array is required,
widely spaced elements will give higher gain and greater
overall band-width than close spacing. A further dis
advantage of close spacing is that vibration set up by strong
winds and consequent variations in spacing can cause
appreciable changes in signal-strength.
Once the most suitable type of aerial has been decided,
the next step is to determine the best position for erection,
and estimate the length of cable required, allowing 5 to 10
per cent extra for contingencies. In fringe areas and districts
where the interference level is high, signal-strength is the
primary consideration. Choose the highest accessible point,
as far removed as possible from busy motoring roads, con
sistent with the shortest run of cable. At very high fre
quencies losses due to long runs of cable and mismatching
can outweigh the advantages of high aerial gain. The final
position is often a compromise between height, position and
length of cable.
If there is a source of interference on one side of the
building, and the bearing of the transmitter is in the opposite
direction, some degree of immunity from the interference
may be obtained by erecting the aerial on the other side.
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The manufacturer invariably supplies wall or chimney
mounting brackets and lashings with the kit. In areas where
considerable height is necessary it is advisable to reinforce
the supporting mast with guy wires. In still more difficult
locations, where adequate height cannot be obtained by these
methods of mounting or the aerial would be screened by
surrounding structures in the line of transmission, it may
be necessary to erect a stayed tubular mast on a concrete
foundation. Whatever the support, it must be strong enough
to withstand the weight of the aerial plus wind stresses under
gale force conditions.
Cable should be run by the shortest direct route and
secured at short intervals, usually not more than 18 in. to
ensure a neat job. Small spring tile clips can be purchased
cheaply for securing the cable in position across the roof to
prevent chafing by the wind. The cable may be led in
through a window frame, an air brick, under the eaves or
the bottom row of tiles. Screened and earthed cables can
be run under metal guttering and other metal structural
parts, but must be kept clear of mains wiring, both to avoid
inductive pickup and as a safety precaution in the event of
the wiring becoming defective.
When erection is complete, the aerial should be oriented
in the direction of the desired transmission with the aid of
a map and compass, taking care to avoid compass error by
holding the compass clear of iron or steel objects. Before
finally clamping the mast in position, it is advisable to check
the orientation for maximum gain and, if interference is
present, to adjust the angle for a satisfactory compromise
between forward gain and interference.
Signals arriving by more than one path, due to reflection,
can cause distortion ; in some locations this may require the
use of either a more directional aerial array or greater a.m.
rejection in the receiver. Multipath effects tend to show up
on sustained notes, and will usually differ on the various
Programmes.
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7
LOUDSPEAKERS
A loudspeaker is basically a two-step transducer. It
transforms electrical into mechanical energy and transfers it
through the medium of a vibrating surface to the surround
ing air as acoustic energy. The principal aim in the design
of all types of loudspeaker is to carry out this conversion
with maximum efficiency, uniform frequency response and
minimum distortion. Energy is transferred efficiently and
uniformly at all frequencies if the impedance of the speaker
is correctly matched to the output impedance of the
output impedance of the amplifier and is as nearly constant
as possible over the audible frequency range, and without
distortion if the conversion is linear.
Classification of Loudspeakers
Loudspeakers in use at the present time fall into three
main classes, according to the principles underlying the
method of operation :
(a) Electrodynamic : There are wide range cone types
and the pressure driven dia
phragm type which has restricted
range.
There are restricted high frequency
(b) Electrostatic :
and wide range types.
Restricted to high frequency range.
(c) Piezo-electric :
Piezo-electric loudspeakers have found little application in
the field of high fidelity to date.
ELECTRODYNAMIC LOUDSPEAKERS
There are two main types of electrodynamic loudspeaker,
differing only in the method of converting mechanical
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energy into sound : the direct radiating cone type (movingcoil), and the pressure or diaphragm type supplemented by
a horn (moving-coil and ribbon types). For wide range
reproduction the cone type is used. The length and flare
diameter of an exponential horn capable of handling the
lowest frequencies effectively would be prohibitive for
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Fig. ]. Cross-section of an
electrodynamic moving-coil
cone loudspeaker.

domestic use, but for mid-range and high frequency units,
where a relatively short horn or a small baffle is sufficient,
the pressure type is commonly employed in multiple
speaker systems to supplement the cone type.
Fig. 1 shows in cross-section the essential parts of a cone
type loudspeaker. The conical diaphragm CN is driven by a
moving coil C, accurately centred and free to vibrate in the
annular air gap A between the soft iron pole plate P and the
soft iron core I of a ring type permanent magnet, which is
attached to a rigid frame S. To allow the cone to move toand-fro only in an axial direction, it is anchored to the frame
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at its outer edge by a flexible surround CS and near its apex
by a flexible centring ring CD. When alternating signal
currents are passed through the coil, the interaction of the
magnetic field set up by the currents with the field of the
permanent magnet causes the coil to vibrate at the signalfrequency in the air gap.
The Magnet System
The force acting on the moving coil is proportional to the
flux density, the current in the coil and the length of the
conductor. In fundamental units, the force in dynes is
F=Bil
where 5=flux density, gauss. ; z=current, amps. ; /=
length of conductor, cm.
With the high permeability steels available to-day, flux
densities up to 14,000 gauss are common. But flux density
alone does not give a complete indication of performance.
A better criterion is the total effective flux, which is the
product of the flux density and the mean cross-sectional area
of the magnetic gap. Increasing the number of turns on the
coil increases the total force, but, unfortunately, it also
increases the mass, resistance and losses in the coil. Winding
the coil with aluminium wire appreciably reduces the mass
and enables a more constant impedance characteristic to be
obtained. Although some latitude in design is permissible,
there is obviously an optimum limit to the number of turns.
There is a further consideration. The flux is not dis
tributed uniformly over the gap, but is densest at the centre
and spreads outwards at the edges, as in Fig. 2 (a). At
low frequencies and on loud passages the excursions of the
coil may be so great as to cause it to swing outside the gap
into the region of the weaker field. The movements will
then no longer be strictly proportional to the signal current
variations, and the output will be distorted. This source of
distortion may be removed either by making the coil longer
than the depth of the pole face, as in Fig. 2 (6), so that as the
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Fig. 2. Methods of maintaining constant flux linkage in the speech coil.

turns at one end are moving out of the gap, those at the other
are moving in, thus maintaining constant flux linkage;
or by making the pole face deeper than the coil, as in Fig. 2
(c), so that the motion of the coil is confined to the region of
uniform flux.
The disadvantages of the first method are that the
increased weight of the coil and former limits the high
frequency response, and the additional end turns, being
under the influence of a weaker magnetic field, contribute
little to the driving force, and only increase the resistance
and losses. The second method, of necessity, increases the
size and cost of the magnet, but does not suffer from the
disadvantages of the first.
Cone and Coil Assembly
Since the magnetic gap must be made as small as possible
to obtain a high flux density, the coil must be accurately
centred and correspondingly thin to avoid fouling the pole
face or core, yet rigid enough to resist distortion or collapse
under the stress of vibration. The centring device usually
takes the form of a flexible corrugated ring or a large spider
of very small mass, highly compliant in the direction of
motion, but stiff in the plane at right angles to it, so that the
cone is able to vibrate at the maximum possible amplitude
with a minimum of restraint.
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The cone is constructed of moulded paper, fibrous pulp
or a base of woven cambric having a deposit of fibrous pulp.
It is moulded to the required shape and lacquered or other
wise treated to withstand damp. The cone surround
performs the dual function of absorbing vibration and
supporting the cone at its edge, and must be highly com
pliant. A treated cloth surround has excellent absorbent
properties and is particularly suitable for woofers. Other
surrounds may be formed from a soft corrugated extension
of the cone material, which can be made compliant enough
to produce a natural resonance as low as 30 c/s. Plastic
foam has come to be used for many high fidelity units, and
gives a very smooth response.
At the slow rate and higher amplitude of vibration of the
bass tones, a large volume of air must be set in motion, and
a large cone is more efficient than a small one (although
much depends on the enclosure with which the loudspeaker
is used). On the other hand, a large cone has too much
inertia to respond effectively to the rapid vibrations and
smaller amplitudes of treble tones, and for this purpose a
small, light cone is more suitable. In general, the higher
the frequency, the smaller should be the cone diameter for
efficient reproduction. The average figures given in Table 1
provide a rough indication of the useful frequency range
to be expected from simple cones of various sizes.
No single cone speaker can yield a flat response over a
Table 1.—Relationships between Cone Diameter,
Frequency Range and Fundamental Resonance
of Average Loudspeakers.
Cotie diameter
15
12
9
7

in.
in.
in.
in.

Frequency range
25- 4,000
30-10,000
40-13,000
60-15,000

c/s
„
„
„
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Fundamental bass resonance
30-45
35-50
50-65
60-S0

c/s
c/s
c/s
c/s

very wide range. Most wide range single speakers for which
this claim is made incorporate two or even three cones of
graded sizes mounted coaxially, each designed to handle a
specific part of the frequency range.
A 12-inch cone can be made to radiate with a fair degree
of uniformity at all frequencies up to 10 kc/s. This is due
to the fact that near the outer edge the mass is large and the
compliance small. This outer area tends to reproduce the
lower frequencies best, so that the cone vibrates as a rigid
whole only up to a certain frequency. In the central area
the conditions reverse, favouring the higher frequencies.
But, since they are propagated outward at a definite velocity
and the periodic time at these frequencies is shorter,
different parts of the cone may be vibrating in opposition
at certain frequencies. Thus a complex system of vibration
is set up, in which cancellation and reinforcement occur,
producing peaks and dips in the response characteristic,
accompanied by some intermodulation distortion.
Loudspeaker Resonances
Distortion in loudspeakers is more severe and more
difficult to control than in amplifiers. The greater the
frequency range, the more apparent is the distortion. The
most important characteristics affecting the response are
the cone resonances. Since the moving parts have mass and
compliance, the whole moving system, including the cone,
coil and supports has a fundamental bass resonance in the
region of 30 to 70 c/s, depending on the size of the cone and
the nature of the surround. The mechanical properties of
the moving parts that produce resonance are closely analogous
to those of an electrical system ; mass corresponding to
inductance, compliance to capacitance and frictional resis
tance to ohmic resistance. Increasing the mass or reducing
the compliance lowers the resonant frequency. Stiffening
the magnetic field by increasing the power input or the flux
density raises the resonant frequency (Fig. 3). Frictional
resistance and the use of untreated paper cones damp out
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resonances, but also reduce the sensitivity and attenuate the
high frequency response, making the reproduction dull and
lifeless. Aluminium alloy cones have been used to increase
the sensitivity, extend the frequency range and improve the
transient response, but the inherently low damping
accentuates the resonance peaks in the upper frequency
range, and unless additional external damping is introduced,
can make the reproduction sound shrill and metallic.
Although the bass resonance is generally undesirable, it
can be put to beneficial use in extending the low frequency
response by housing the speaker in a suitably designed
enclosure.
A second rise in the output occurs in the mid-frequency
region, varying from about 2 kc/s for a 15-inch cone to 6 kc/s
for an 8-inch cone. As previously explained, these resonances
are produced by break-up in the mode of vibration of the
cone. The low output impedance of a negative feedback
amplifier reduces their effect.
Speech Coil Impedance
An important factor in the performance and matching
of the speaker to the output of the amplifier is the effective
impedance of the speech coil. As the coil vibrates in the
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magnetic field, a back e.m.f. is generated in the coil in
opposition to the original e.m.f., which reduces the current
flow and increases the apparent impedance. The higher the
rate of vibration and the greater the excursions of the coil,
the greater the apparent impedance and the less the current
and power absorbed. As this impedance change is almost
entirely produced by motion of the coil, it is frequently
known as its motional impedance, as depicted in Fig. 3.
It rises to a maximum at the resonant frequency of the
system, when the amplitude of the coil excursion is greatest.
The rated impedance is the lowest value which occurs
when the reactance is least, usually between 200 and 400 c/s.
It may be as much as 20 per cent higher than the d.c. resist
ance value, depending on the number of turns in the coil.
Pressure Driven Units
As previously mentioned, pressure driven loudspeaker
units are in high fidelity applications used for the upper
frequency range. Like the cone type, they are actuated by
a moving coil and a ring type permanent magnet. In order
to reduce the mass of the moving system to a minimum, the
coil is wound with aluminium wire and a thin aluminium
diaphragm takes the place of the cone. To obtain sufficient
output, it is necessary to horn-load the diaphragm.
Ribbon Loudspeakers
The diaphragm in this type of electrodynamic loud
speaker consists of an extremely light, thin strip of metallic
foil about 2 in. long by |-in. wide secured at the upper and
lower ends and free to vibrate between the poles of a powerful
permanent magnet. In effect the ribbon constitutes a
single turn of a moving coil. Unlike cone diaphragms, the
ribbon vibrates uniformly as a whole under the influence
°f the magnetic force. The nature of the construction is
such that the relatively small volume of air that can be
moved confines its use to the upper frequency range, as an
adjunct to a bass speaker. Provided one face of the ribbon
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is horn-loaded to set a sufficient volume of air in motion,
it is capable of giving a notably flat response, free from
resonances up to and beyond 20 kc/s.
The main disadvantages of the ribbon type are the
large size and high cost of the magnet system and the
fragility of the moving element.
Rating and Efficiency
Loudspeakers are rated by the maximum safe power
input to the speech coil. A loudspeaker rated at so many
watts should be capable of low distortion reproduction at
this input.
Intermodulation and frequency distortion
increase rapidly if the speaker is operated much above its
rated wattage.
The electro-acoustical efficiency of the average movingcoil speaker system is 3 to 10 per cent. Effective horn
loading may raise the efficiency to as much as 50 per cent,
requiring only a fifth of the power, and a correspondingly
smaller amplifier. Alternatively, the same amplifier would
have a larger reserve of power and provide a greater dynamic
range.
ELECTROSTATIC LOUDSPEAKERS
The electrostatic principle was demonstrated in experi
mental loudspeakers and microphones during the 1920s.
Only in recent years, however, has it been possible, with
the advent of suitable plastic materials, to develop them
in a reliable form.
The theoretical superiority of the electrostatic speaker
lies in the extremely low mass, flexibility and large surface
area of the diaphragm, which can be made to move as a
rigid whole at all frequencies under the influence of electro
static force.
The simple, single-sided (or unilateral) type, as shown in
Fig. 4 (#), is essentially a capacitor, consisting of a rigid,
perforated metal plate and a very light metal foil diaphragm,
maintained under light tension and separated from the plate
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Connections for electrostatic loudspeakers : (a) single-sided
unit. (b) push-pull unit.

by a minute air space. A d.c. polarising potential, usually
furnished by a 250 volt h.t. source, is applied to the plate
and diaphragm via a resistor R. The purpose of the
resistor is two-fold : first, it limits any current that would
flow in the event of a breakdown of the insulation between
plate and diaphragm ; secondly, it sustains the charge under
operating conditions. Since no current flows, there is no
voltage drop, and the resistance can be made sufficiently
high, usually several megohms, to provide with the speaker
capacitance a time constant well in excess of the period of the
lowest frequency. A d.c. blocking capacitor C prevents
current drain through the transformer secondary.
The electrostatic force set up by the polarising potential
causes the diaphragm to be attracted towards the fixed
plate, so that it takes up some intermediate position,
determined by the magnitudes of the applied potential and
the opposing tension, without making actual contact. If
now audio frequency signals are superimposed by the
transformer, the force will fluctuate, causing the diaphragm
to move to and fro at the signal frequency and so produce
an acoustic output.
Several feat
ures of this simple construction contribute to
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non-linearity of the output: (1) The attractive force in
operation is not constant, but decreases as the square of the
distance separating the elements. (2) The output at large
amplitudes of movement is limited by the thin air cushion
behind the diaphragm. (3) Temperature variations make
the diaphragm expand or contract. Excessive expansion and
consequent reduction of the tension may allow the elements
to come into contact and cause severe distortion or failure
of the dielectric. (4) The thickness of the diaphragm is
always a compromise. On the one hand, it must be thick
and tough enough to withstand tensioning, and on the other
it must be sufficiently light to follow the signal waveform
faithfully at the highest frequencies.
Push-pull Electrostatic Units
All recent development has centred around the double
sided or push-pull construction shown in Fig. 4 (b). This
type has two perforated and insulated fixed plates with a
large, thin, non-resonant diaphragm sandwiched between.
The diaphragm is made of flexible plastic having a very low
temperature coefficient of expansion, and is sprayed with a
thin metallic layer to an overall thickness of less than
1/1,000 in. To prevent contact with the plates and maintain
uniform spacing, it is held in position between them by
thin insulating spacers and the complete assembly is shaped
to a slightly convex surface to improve the omnidirectional
radiation at high frequencies.
One terminal of the polarising source is connected to the
diaphragm through the high resistance R, and the other
to a centre tap on the transformer secondary and thence via
the half secondaries to the two fixed plates. In the absence
of a signal, the diaphragm is subjected to equal and opposite
forces from each plate and needs only the slightest tensioning.
So long as the static charge is sustained, the condition of
equilibrium is preserved under working conditions, thus
eliminating one of the worst causes of non-linearity in the
single-sided type.
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Fig. 5. Comparison of response of typical 12-in. moving-coil and
treble electrostatic loudspeakers.

With careful design and attention to the effects of
temperature change and humidity, which have always been
a serious development problem, the push-pull speaker can
be made to give a remarkably linear response. A total
harmonic content as low as 0-1 per cent with a frequency
response level within il dB from 2 to 20 kc/s, or ±2 dB,
from 1 to 20 kc/s has been achieved.
Fig. 5 compares the response curves of a typical high
frequency electrostatic unit and a full range 12-in. movingcoil speaker. It can be seen that the combination of a
moving-coil unit for the low frequencies and an electrostatic
unit to take over above 1,000 c/s provides good linearity
over a wide range.
Although the successful application of the electrostatic
principle is at present confined mainly to high frequency
units intended for use in conjunction with a bass movingcoil unit, at least one maker has produced full range
units capable of covering the range 45 c/s to 18 kc/s
with a sensitivity which compares favourably with the
moving-coil speaker.
Safe, continuous operation is
claimed with temperatures up to 45°C. and relative
humidities as high as 90 per cent. It is, however, too
much to expect these units to withstand severe tropical
conditions of operation.
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Because of its large radiating surface and its bi-directional
polar characteristic, the full range electrostatic unit in the
push-pull form is not subject to the acoustic losses of the
electrodynamic type when operated without a baffle or
enclosure. . Such adjuncts are unnecessary, and the problem
of enclosure resonances is therefore non-existent. Unlike
the electrodynamic type, these speakers may be placed in
any position in a room, provided they are not too close to a
parallel wall to obstruct the radiation from both back and
front.
The polarising voltage for a push-pull electrostatic
speaker is often in the region of several thousand volts, but—
because of the extremely low current requirements—this
can be obtained by techniques similar to those used in
modern television receivers.
MULTIPLE LOUDSPEAKER SYSTEMS
One effective way of defeating the shortcomings of the
dynamic speaker and obtaining full range response with a
minimum of intermodulation distortion is to employ two or
more separate speaker units, each designed to handle a
restricted portion of the range.
For the bass register, either 12- or 15-in. direct radiating
dynamic units, with a frequency range of the order of 25 c/s
to 4 kc/s, may be used. Requirements for such units are :
powerful magnet system ; a large
robust construction ;
diameter speech coil to develop the large amplitudes of
movement and provide the high degree of electromagnetic
damping necessary at very low frequencies; and low
fundamental resonance, between 20 and 30 c/s. Low
fundamental resonance is achieved by the combination of a
large diameter cone assembly with flexible suspension.
The cone suspension must be made of highly compliant
material, such as cambric or plastic foam. This will lower
the main resonance of the moving system, and help to
exclude inherent resonances which would lead to the
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production of standing waves in the cone causing distortion
at certain frequencies.
Mid-range units may be either cone or pressure driven,
designed to embrace a range of the order of 500 c/s to
8 kc/s. Pressure driven units must be horn-loaded to set a
sufficient volume of air in motion. Under this condition
they will give smooth and realistic response.
For the treble range a miniature cone or pressure driven
moving-coil unit, a ribbon dynamic unit or an electrostatic
tweeter may be used. Such units can be designed with a
frequency response range extending from about 2-5 to
15 or 20 kc/s. The horn-loaded pressure driven unit is a
highly efficient transducer, capable of remarkably smooth
response. Ribbon and electrostatic types have excellent
transient response and are ideal for the reproduction of the
higher frequencies.
The response of each speaker should extend an octave
below the cross-over frequency, in order to make allowance
for overlap in the region where attenuation is introduced
by the cross-over system. The speakers must operate in
unison. Appropriate cross-over frequencies for a triple
system having ranges of 25 c/s to 4 kc/s, 500 c/s to 8 kc/s,
and 2-5 kc/s to 20 kc/s, would be 1 and 5 kc/s.
Duplex Loudspeakers
Two units may be combined by employing duplex
construction. Two basic systems are in common use : the
concentric twin cone with single drive (Fig. 6); and the
concentric twin drive (Fig. 7).
In the first, a large cone supported round its periphery
by a flexible surround, handles the low frequency register
up to about 5 kc/s. A smaller, curved-sided cone of light
but extremely rigid construction, and free at its outer edge,
takes over the upper frequencies to some 15 kc/s. Both
cones are coupled at their inner ends to the coil former
and together constitute a mechanical cross-over system.
Advantages claimed for this construction are that, since the
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Fig. 6 (right). Twin-cone, single
drive duplex type of loudspeaker.
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Fig. 7 (below). Tzoin-drive type
of duplex loudspeaker.
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high frequency cone vibrates as a whole, undesirable
modes of vibration are greatly reduced, and that the
insertion loss and possible sources of distortion introduced
by an electrical cross-over are eliminated.
The second type employs independent coil drives,
operating coaxially within series air gaps, one at the front
and one at the back of a common magnet system. The
low frequency coil is coupled to a normal large cone and the
high frequency coil to a light aluminium alloy diaphragm,
loaded by a short horn attached to the magnet and con
centric with the cone. Correct phasing of the energy from
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different parts of the diaphragm at high frequencies is
maintained by a phase equaliser situated in the throat of the
horn. The unit is completely self-contained, with a built-in
cross-over system, and is capable of giving a very wide and
smooth frequency response.
Requirements for Multiple Systems
To ensure satisfactory integration of the separate inputs
to each unit and an overall flat response, certain require
ments must be met.
(1) Restriction of the input frequency band to each unit to
prevent excessive emphasis in the region of the transfer frequency.
This is accomplished by feeding the speakers through a
cross-over network, consisting of a combination of low and
high pass filters, whose output impedances are designed to
pass the frequency band appropriate to each speaker and to
provide a degree of attenuation in the region of overlap.
(2) Prevention of cross-transfer of acoustic energy or
mechanical vibration from one unit to another. The treble
cone is easily excited at its fundamental resonance by large
amplitudes of vibration of the bass cone. Precautions which
can be taken to avoid this trouble include : (a) side-by-side
separation; (b) interposing a baffle ; (c) horn-loading the
treble unit; (d) housing the units in separate compartments.
Mounting the treble unit coaxially in front of the bass unit
is not generally advisable. If such a combination is fed
through a cross-over system, serious misphasing may occur
at frequencies for which the separation between the dia
phragms equals a quarter wavelength, and phase opposition
and cancellation at a half wavelength. For example, a
separation of 3 in. would produce a dip in the response at
560 c/s.
(3) Correct Phasing. The diaphragms must vibrate in
P ase. Anti-phasing will disturb the balance of response,
creating a dissociation effect, which destroys the sense of
direction, rConnections to each unit should be tested with
a dry cell to ensure that the cones move simultaneously in
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the same direction, either forward or backward, when contact
is made.
(4) Equalisation of Level. If the sensitivities of the units
differ, there will be variations in the 'volume level, above
or below the cross-over frequency. This occurs particularly
with horn-loaded mid-range and treble units, which have a
higher electro-acoustic efficiency than the direct radiating
bass units. In order to maintain a uniform level throughout
the whole range, it is necessary to insert a variable attenuator

Fig. 8.
Attenuator pad.

ft

in series with the more sensitive unit. Alternately, a tapped
choke or auto-transformer may be used. A suitable resist
ance control is shown in Fig. 8 : it is designed to present a
constant input resistance and is capable of providing
stepped or continuously variable attenuation up to 12 dB.
The power rating of the attenuator should equal that of the
speaker it controls.
(5) Correct impedance matching. Allowance must be made
for speakers connected in series or parallel or combinations
of both. Thus, two units of equal impedance connected
directly in series will have twice the effective impedance,
or in parallel, half the effective impedance of one. With
either mode of connection each will receive half the total
power output, provided the effective impedance is correctly
matched to the amplifier by selecting the appropriate tapping
on the output transformer.
(7) Two or more speakers coupled through a cross-over
network are neither in series nor in. parallel at audio
frequencies. Each operates independently of the other
over its allotted portion of the frequency spectrum, and each
branch of the network presents an extremely high impedance
h.f.p.b.—io
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to frequencies outside that range. Hence, the input
impedance of the combination, as seen by the amplifier, is
still the same as that of either speaker alone.
It is sometimes required to match two speakers of different
impedance to a given output impedance, for example a
15-ohm bass unit and a 3-ohm treble unit to a 15-ohm
output. This is best done by connecting a multi-ratio
speaker transformer or a tapped choke across the treble
output terminals, and selecting the appropriate tapping.
An alternative method is to insert a 12-ohm resistor in
series with the treble speaker. Although this is a cheaper
solution, it suffers from the disadvantage that the treble
unit receives only one-fifth of the power available, the
remainder being dissipated by the resistor. The insertion
of resistance in series reduces damping, which may be
insufficient to suppress speaker resonances.
Loudspeaker Combinations
The choice, grouping and positioning of loudspeakers to
form a multiple system is a matter of taste and initial outlay.
When planning a layout, it is advisable to consider the
possibility of future additions to the system. The most
popular and least expensive is a dual combination of bass
(l.f.) and treble (h.f.) units, fed through a quarter section
or half section cross-over network, as shown in Fig. 9 (a).
Provided they are suitably placed in relation to each other
to avoid acoustic interaction and misphasing, and equalised
for sensitivity, two well-designed units will give full range
coverage with uniform response.
A number of triple combinations are possible, as shown in
Fig. 9 (6) to (e). Fig. 9 (b) is a combination of low, medium
and high frequency units coupled through a three-way
cross-over system. This scheme improves on the dual
system in smoothness of reproduction and smoothness of
response. Fig. 9 (c) is an adaptable system, based on a dual
combination of bass and treble units fed through a two-way
cross-over. It is capable of being supplemented at a later
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Fig. 9. Typical loudspeaker combinations. The cross-over fre
quency is selected to suit the response range of the speakers. CIO —
cross-over networks, A = attenuator.

date by a mid-range unit with an independent cross-over
network. Fig. 9 (d) is an economical alternative to (c),
requiring a two-way cross-over for the bass and mid-range
units. The treble unit with a series capacitor is connected in
parallel with the mid-range unit. A 1 /xF. capacitor in
series with a 15-ohm speaker will pad out the impedance to
35 ohms at 5 kc/s or 66 ohms at 2-5 kc/s. In Fig. 9 (e) a
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mid-range or general purpose cone unit connected directly
in parallel with a bass and treble combination fed through a
two-way cross-over is used. The argument for this scheme
is that the spaced combination of bass and treble units best
reproduces a distributed programme source, such as
orchestral and choral music, whereas the mid-range unit
prevails on speech and commentary, which is conveyed
mainly by the middle frequencies, and is better adapted
to give the illusion of a point source. Fig. 9 (/) is an effective
way of dealing with the directional characteristic of high
frequency speakers. A bass unit is fed from one limb of a
two-way cross-over and twin treble units, placed at diver
gent angles to provide omnidirectional coverage at the
upper frequencies, are fed from the other limb. Since the
treble units are more efficient than the bass unit, the degree
of mismatch introduced by joining two units in series across
one branch is not serious.
Relative Positions of Speakers
Bass, mid-range and treble units may be acoustically
segregated by grouping them in vertical formation on a large
baffle with the treble unit uppermost or by housing them in
separate compartments. A horn-loaded mid-range or
treble unit may be conveniently placed on top of a bass
enclosure. Cone treble units may be mounted on a small
baffle (Fig. 10 (b)); located so as to direct the sound waves
upwards to a small plane reflector at 45° to the vertical
(Fig. 10 (c)) to disperse the upper frequencies in the forward
CEILING

d
(a)

TO
LISTENING
AREA

(6)

(d)

Fig. 10. Methods of mounting treble loudspeakers.
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direction (as the wavelengths at these frequencies are extremely short, varying from about 2£- to £-in. in the range
5 to 15 kc/s, the radiation is highly directional, and a 6-in.
square reflector forms an effective diffuser) ; or positioned
to make use of the ceiling as a reflecting surface (Fig. 10 (</)),
so that the sound waves are dispersed towards the listening
area.
A more ambitious scheme is to employ a large number of
speakers, each having a different fundamental resonance,
spaced on a large baffle, on the principle that many resonances
spread over the whole frequency band will achieve greater
uniformity of response. Other advantages claimed for this
system are : greater area of radiation, giving an illusion of
spaciousness with orchestral performances; division of
power between several speakers, thus reducing intermodulation distortion; smaller mechanical stresses on
moving parts and consequently less risk of breakdown.
The main objection to spaced units is that speech and solo
instrumental music, which should appear to originate from
a confined source, lose much of their realism by simultaneous
reproduction from separated sources.
CROSS-OVER NETWORKS
The purposes of a cross-over system are to reduce inter
modulation distortion produced by interaction between
speakers where their responses overlap, and to safeguard the
delicate diaphragm of the treble speaker from heavy lowfrequency currents.
It is usual to insert the network in the low-voltage leads
to the speech coils, where it is less liable to insulation failure
and inductive pickup. Separate amplifiers and output trans
formers could be used with some advantage, but although
this would make it possible to use smaller output trans
formers, it is debatable whether the gain is worth the higher
cost of the scheme.
The action of the filters used in cross-over systems depends
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Fig. 11. Elementary frequency discriminating circuits, (a) Low pass,
(b) high pass, (c) Atg/j pass, (d) low pass.

on the frequency discriminating properties of inductance and
capacitance. Although it would be possible to employ
resistance-capacitance filters more cheaply to achieve the
same purpose, heavy power losses would be incurred by
introducing resistance in a low-impedance speech-coil circuit.
The reactance of an inductance in series with a resistive
load (Fig. 11 («)), increases and the current falls progressively
as the frequency is increased. Conversely, the reactance of
a capacitance in series with a resistive load (Fig. 11 (A))
decreases and the current in the load rises with increase of
frequency. Connecting an inductance or a capacitance in
parallel (Fig. 11 £c) and (d)) with the load provides a reactive
by-pass and has the opposite effect. These results are
summarised in T*able 2.
Thus, an inductor in series with a bass speaker and a
Table 2.—Effects

of

Frequency Discriminating

Circuits
Network

Inductance

Capacitance

Reactance in series,
Fig. 11 (a) and (6)

Current in load falls
as frequency in
creases.

Current in load rises
as frequency in
creases.

Reactance in parallel
Fig- 11 (c) and (d)

Current in inductive
path
falls
and
current in load rises
as frequency in
creases.

Current in capacitive
path rises and current
in load falls as fre
quency increases.
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Fig. 12. Quarter- and half-section cross-over net
works. (a) Quarter-section series ; (b) quartersection parallel ; (c) half-section series ; (d) half
section parallel ; (e) half-section parallel with three
loudspeakers.

capacitor in series with a treble speaker (Fig. 12 (6)), or a
capacitor in parallel with the bass unit and an inductor in
parallel with the treble unit (Fig. 12 (a)), constitute a simple
quarter-section cross-over system. Adding a second reactive
o
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Attenuation characteristics for quarter- and
half-section LC cross-over networks.
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element of the opposite kind in each limb (Fig. 12 (c) and
(d)), forms a half-section network, which increases the rate of
attenuation and further reduces intermodulation distortion.
Fig. 13 shows typical attenuation characteristics for a
quarter-section, which has an attenuation of 6 dB per octave,
and for a half-section, giving 12 dB per octave around the
cross-over frequency. The power insertion loss is about
1 dB for a quarter-section and 2 dB for a half-section. The
network gives a 90° lead to current in the high frequency
branch and a 90° lag to current in the low frequency branch.
Speakers should, therefore, be connected to work in anti
phase without the network, so that they will function in
phase with the network in circuit.
Intermodulation of the treble speaker by the bass speaker
is minimised by the use of a cross-over frequency as low as
practicable, unless the recommendations of the manufacturer
specify otherwise. If the treble unit is mounted on a small
baffle or fitted with a short exponential horn, interaction is
further reduced and attenuation increased by the sharper
acoustic cut-off at the limiting frequency for which the area
of the baffle or flare of the horn is effective.
Table 3.—Quarter-Section
Networks

and

Half-Section

Inductance

Capacitance

L(H)=R/27TfC
L(MH)=159i*//c

C(f) = 1 /2-njcR
C(mf)=159,000//cK‘

Half-section,
series.

X»(h) =R/2y/2irfc
L(,m) = U3R/fc

C(?) = \/V2”fcR
C(n?)=226,000/fcR

Half-section,
parallel

L(n)=R/V2nfc
L(mh) =226R/fc

C(f) = \/2\/27t/cR
C(hf) = 113,000/fcR

Netzvork
Quarter-section,
series or parallel

R= dynamic resistance of speakers, ohms
/c=cross-over frequency, c/s.

!
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Values of inductance and capacitance for any required
cross-over frequency are found from the formulas given in
Table 3.
Once the values have been calculated for one particular
frequency, it is a relatively simple matter to determine them
for any other frequency.
Thus, if Lx is the calculated
inductance for a cross-over frequency /x, then the inductance
L2 for another frequency /2 will be :
■^2 =Z^-Jlfllf2
Similarly, C2=C1/1//2
The speakers should have approximately the same resist
ance. The resistance of the combination is then treated as
the resistance of one speaker. If the speech coils have
different resistances, L and C must be calculated separately.
Calculated values of L and C, based on 15-ohm speakers,
for constant resistance networks, which will maintain a
constant phase difference between speakers, are given in
Table 4.
Table 4.—Calculated Values of Inductance
Capacitance for Cross-over Networks

Cross-over
frequency

500
750
1,000
1,250
1.500
1,750
2,000
2.500
3.000
3.500
4.000
4.500
5.000

Quarter-section,
series or parallel

Half-section,
series

and

Half-section,
parallel

L (mH)

C 0*F)

L (mH)

CO*F)

L (mH)

CO*F)

4-8
3-2
2-4
1-9
1-6
1-4
1-2
0-95
0-79
0-68
0-59
0-53
0-48

21-3
14-2
10-6
8-5
7-1
6-1
5-3
4-3
3-5
30
2-7
2-4
2-1

3-4
2-2
1-7
1-3
M
0-96
0-84
0-67
0-56
0-48
0-42
0-37
0-34

300
200
15-1
120
100
8-6
7-5
60
5-0
4-3
3-8
3-3
30

6-7
4-5
3-4
2-7
2-2
1-9
1-7
1-3
M
0-96
0-84
0-75
0-67

150
100
7-5
6-0
50
4-3
3-8
30
2-5
2-1
1-9
1-7
1-5
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INDUCTANCE, mH

Fig. 14. Coil winding data for cross-over networks.

Capacitors and Coils for Cross-over Systems
To avoid excessive power loss, the ohmic resistance of the
components must be kept low. Use high grade paper
dielectric capacitors. Electrolytic capacitors are generally
unsuitable, as they have a high leakage current in the
absence of a polarising voltage. The a.c. voltage rating
need not exceed 50V if the filter is intended for speaker
impedances of 15 ohms or less. Low resistance air-cored
coils are best, and can be easily wound at home. Winding
data for suitable air-cored coils can be ascertained from
Fig. 14.
LOUDSPEAKERS FOR STEREOPHONIC
REPRODUCTION
The mechanism by which our sense of hearing is able to
estimate the source and direction of sound is still imperfectly
understood. Lord Rayleigh’s experiments in 1896 estab
lished that the direction from side-to-side is determined by
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an association of effects. At frequencies above about
1,000 c/s the ear locates the direction partly by differences in
intensity of the sound reaching the two ears and partly by
differences in the time of arrival or “ precedence ” effect.
The ear most remote from the source is screened by the
listener’s head and receives less sound than the other ear.
If a sound appears louder to the left ear than to the right or
reaches the left ear before the right, the listener gains the
impression that the source is on his left side. The intensity
principle can be demonstrated by listening to two identical
speakers operating in parallel and spaced a few feet apart.
If they are fed in phase and at equal levels, the sound will
appear to come from a position midway between them ;
but if the balance is altered by increasing the volume of one
speaker, in relation to the other, the apparent source will
move towards the speaker delivering the higher output.
At low frequencies differences in phase and “ precedence ”
are the predominating means by which the ears appreciate
the source and direction. With sustained sounds the ears
discern the direction more by phase difference than by
“ precedence ”, whereas with percussive and discontinuous
sounds “ precedence ” plays the greater part.
Assessment of the distance of a source is largely founded
on prior experience of different kinds of sound, and also to
a certain extent on reverberation in confined spaces. In
this respect experience sometimes fails us by the deceptive
impressions of nearness of a sound we receive in abnormally
still air or when the wind is in a favourable direction.
The pioneering work of A. D. Blumlein in 1929 demon
strated that it was possible to simulate the differential
intensity and precedence principles of aural perception by
the use of spaced microphones and loudspeakers (Fig. 15)
and current developments are based to a large extent on his
original scheme. Present stereo systems for home reproduc
tion depend for their effect on the two channel intensity
principle.
More than two channels is generally un
economical for domestic disc and tape recording in the
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Fig. 15 {left).
Twochannel stereo recording
and reproduction.
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present state of the art. Although this marks a considerable
advance on conventional monaural systems, the “ prece
dence ” effect can distort the stereo illusion when the
listener is stationed off the centre line between the spaced
speakers. A listener situated along the centre line, Fig. 16,
can discern the direction and position of the sound source
with reasonable accuracy. Sound originating nearer the
left-hand microphone will be heard at a higher level and will
take precedence at the left-hand speaker, and vice versa.
If it emanates from a position midway between the micro
phones, it will be heard at the same level and at the same
instant from both speakers, and the apparent source will be
central, as it should be, provided there are no interference
effects from wall reflections. But if the listener moves to
one side of the centre line, sound will reach him sooner
from that side than from the other, and the apparent source
will shift off-centre to an even greater degree than the
distance moved by the listener, although the true source
is central.
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Listening from a central vantage position is obviously
impracticable for the whole of the audience in a large hall
or cinema. To overcome this a three to seven channel system
is used in film recording and cinema speaker systems. For
domestic reproduction F. H. Brittain has advocated a
simple scheme for correcting off-centre listening. Spaced
directional speakers are oriented at an angle to each other,
so that their axes intersect at a point in advance of the
LEFT
SPEAKER

RIGHT
SPEAKER

ft
\\

\
/

I

/

//
\<^-AXIS
OF MAXIMUM
/ / \ DIRECTIVITY

| / .B
!

//

.A

\

LISTENING AREA

Fig. 17. Method of counteracting precedence
effect.
listening area, Fig. 17. A listener moving left from a central
position A to a position B will move into a region of greater
acoustic intensity from the right-hand speaker and at the
same time into a weaker field from the left-hand speaker.
By employing a suitable distribution pattern the illusory
source shift caused by the precedence effect can be counter
acted by change of intensity. The scheme is, however,
only a partial palliative ; complex reflections from the walls
of a small room can distort the stereo illusion.
Factors Affecting Stereo Performance
Good stereo presentation depends on the identity of
speaker characteristics, the distribution pattern, the spacing
between speakers and the listening position relative to them,
amplifier gains and frequency response, and the shape and
acoustics of the room.
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Loudspeaker Characteristics.—To obtain perfect stereo
balance, speakers should have equal sensitivities and
identical frequency response characteristics. Amplifier
gains, equalisation and phase shift must be closely matched
on both channels. Dissimilar resonances, producing peaks
and troughs in different parts of the audio frequency
spectrum will cause the apparent source of sound to shift
disconcertingly from side-to-side and create a spurious
spatial separation between the different notes of a musical
instrument.
Loudspeaker Spacing.—Where space permits, speakers
should be placed not less than 8 ft. apart in a position where
they are visible from all points within the listening area.
Insufficient separation tends to merge the reproduction
from both channels, especially of instruments placed near
the centre of the recording area. On the other hand, a
disturbing problem that sometimes arises when the speakers
or recording microphones are set too far apart is the holein-the-centre effect. One way of remedying this defect
is to introduce a third speaker midway between the left and
right speakers, fed equally from both channels at a pre
determined level found by experiment. Since the deficiency
is mainly in the more directional upper frequencies, a
tweeter will usually produce the most satisfactory results.
Provided speakers and microphones are correctly placed,
it is possible to make certain economies in a full range
multi-speaker system. As the higher frequencies are the
most effective in producing the stereo illusion, the lower
frequencies contributing little directional information, it is
possible to use two spaced treble speakers to provide the
stereo effect with a single bass speaker midway between
them to fill in the lower register.
Distribution Patterns.—The relative merits of directional
and omnidirectional speakers are a debatable subject.
Directional speakers which beam the radiation over a
relatively narrow angle produce more sharply defined
stereo effects within the limited area directly irradiated by
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Fig. 18. Directional stereo reproduction.

both units. Wide angle distribution, reinforced by reflec
tions from walls, such as is obtained with corner enclosures,
irradiates a much larger area more uniformly, giving a
better impression of spaciousness to full orchestral per
formances. This technique has distinct merits in mono
phonic reproduction, but, since reflected sound reaches the
ears after a longer interval than the direct sound, and in a
different phase relationship, it debases the directional
information in stereo applications.
The main objective with directional speakers is to cover
the whole listening area with direct radiation equally from
both channels and exclude reflections from walls as far as
possible by the use of curtains or acoustically absorbent
panels. In an average rectangular living-room speakers may
be placed at either end of the shorter wall or the longer wall,
depending on the position of the listening area. The point
of intersection of the speaker axes should extend well into
the listening area. For a given distance between the
listeners and the speakers, the angle between the axes will
vary with the speaker spacing and the beam width, and is
best found by trial and error. A sharp beam is generally
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more effective for corner positions at the shorter wall
(Fig. 18 (a)), but it should be noted that the narrower the
beam, the more critical will be the angle and spacing. A
broad beam is more suitable for corner positions along the
longer wall (Fig. 18 (b)).
The use of omnidirectional speakers removes some of the

Fig. 19. Multiple re
flections from omnidi
rectional speakers.

defects associated with directional units. A pair of column
speakers surmounted by conical reflectors for all-round
diffusion will give smooth but somewhat diminished stereo
response over the whole room. It is sometimes argued that
corner positions (Fig. 19) not only extend the source area
and distribute the sound more evenly, but sustain the stereo
illusion over a wider area, while the varying time delays of
reflections from walls help to smooth out precedence shift.
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8
LOUDSPEAKER ENCLOSURES
A dynamic speaker will not radiate efficiently without some
form of baffle or enclosure. There are two reasons for this.
First, a vibrating cone or diaphragm sets up opposing
trains of waves at the back and front. As the cone moves
outwards, a wave of compression is projected forward,
accompanied by a momentary vacuum behind. In the
absence of a baffle, air displacements are set up between
the front and back of the cone and little energy is radiated
usefully in the forward direction. During the succeeding
half cycle of current the reverse conditions prevail. This
to-and-fro circulation is most pronounced at low frequencies,
when the pulsations cannot replace each other quickly
enough to prevent diffraction ; unless a large enough baffle
or enclosure is used phase cancellation occurs at frequencies
for which the distance between the cone and the edge of the
baffle is much less than a quarter-wavelength. This is
represented diagrammatically in Fig. 1. Secondly, without
a baffle or enclosure the air loading on the cone is in
sufficient to restrict the large cone deflections at the bass
resonance of the speaker, and severe harmonic and inter
modulation distortion and possible damage to the speaker
can result.
One way of preventing interaction between the front and
back of a cone is to screen off or absorb the back radiation,
An alternative method is to extend the path length from
back to front, so as to bring the radiation from the back
of the cone into phase with that from the front. The
basic devices available to the designer for achieving these
aims are the baffle, the cabinet, the horn and the tuned
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pipe. Extension of the low frequency response is intimately
related to the dimensions of all types of enclosure. To
avoid excessive proportions as the range is extended down
wards, nearly all practical designs are a compromise or a
combination of these primary forms.
Infinite Baffle
The infinite baffle, itself effective down to zero frequency,
is limited in practice by the bass resonance of the loud
speaker, which should be as low as possible. It can be
simulated by making use of the dividing wall between two
rooms. A built-on garage, a large cupboard, acoustically

GRILLE

3%

■WOOD FRAME

RESILIENT
MOUNTING

■SUPPLEMENTARY
BAFFLE

Fig. 2.

Wall-mounted loud
speaker.
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damped, or a store will serve the purpose, provided the
material of which the partition is composed is thick and
dense enough to exhibit no resonances. A point worth
noting is that a parallel-sided aperture in a thick wall will
react as a short tuned open pipe, resonant to one of the
higher frequencies. Such resonances can be avoided by
mounting the speaker on a small supplementary baffle and
bevelling the edges of the aperture, as shown in Fig. 2.
Properly installed, the system is free from the resonances
and anti-resonances often introduced by other forms of
enclosure.
Finite Baffle
To overcome the objections to structural alterations and
unwanted reproduction in a second room, most baffles are a

Fig. 3. Flat rectangular baffle. Reinforcement
occurs when r = nX/4. Cancellation occurs when
r = nX/2 where n is an integral number.

finite compromise. In order to be effective, a flat baffle
must have a minimum width and height equal to half the
wavelength at the lowest frequency to be reproduced.
There is, however, nothing to be gained by enlarging the
baffle for frequencies much below the resonant frequency of
the speaker.
The speaker should be mounted off-centre in a rectangular
baffle, preferably resting on the floor, to provide a continu
ously varying path length from back to front, as shown
in Fig. 3. This method avoids sharp resonances and
anti-resonances caused by reinforcement and cancellation.
For satisfactory reproduction down to the lowest required
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frequency/, the minimum radius from the centre of the cone
to the edge of the baffle is given by :
r—v\\f
where v is the velocity of sound, / the frequency in c/s
and v and r are in similar units.
Since the air on either side of the cone is not confined,
the acoustic damping applied to the cone is low. It is,
therefore, important that loudspeakers for baffle mounting
should possess a high degree of electro-magnetic damping
to prevent excessive excursions of the cone into limits of
high restraint, which would produce harmonic and intermodulation distortion.
Closed Cabinets
Designs based on absorption of the back radiation have
been evolved to give an approximation to the performance
of the infinite baffle. One method is to house the loudspeaker
in a completely closed cabinet treated with sound absorbent
material.
Unless the volume is large, the enclosed air will react
like a stiff spring on the back of the cone and raise its
natural resonance. A volume of at least 11 cu. ft. is necessary
for a 12-in. loudspeaker having a bass resonance of 35 c/s
to ensure satisfactory low frequency response down to
30 c/s. Standing waves are set up by cross reflections from
wall to wall, which produce peaks and dips in the response
curve. These can be largely absorbed by lining the walls
with f-in. thick felt, foam rubber, glass wool or cotton
wool and by suspending blankets of similar material separated
by air spaces between the speaker and the back of the
cabinet. Acoustic energy is dissipated partly by friction with
the surfaces of the material and partly by absorption.
Recent developments with closed cabinets are based on
using a drive unit with very compliant surround and
suspension. The stiffness of the enclosed air is then used
to provide “ acoustic suspension
This principle can be
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Fig. 4. Analogous circuits for closed and vented cabinets.

used to reduce the size of the cabinet, and for this reason
is quite popular to-day. The term “ infinite baffle ” has
been used to describe enclosures using this principle.
Bass-Reflex Enclosures
Although much may be done with a closed cabinet to
prevent the production of standing waves and internal
resonances, it becomes increasingly difficult to damp out
the lowest frequencies effectively. The reflex enclosure is a
definite advance on the acoustically damped closed cabinet.
In its many diverse forms it is very popular, chiefly because
it is easily constructed and can be made considerably
smaller for a given low frequency extension than most
forms of completely closed cabinet.
The performance of an enclosure is conveniently explained
by the aid of electrical analogies, in which mass is the
mechanical equivalent of inductance, compliance (or its
opposite, stiffness) of capacitance, and frictional resistance
of ohmic resistance. Analogous circuits for a completely
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closed cabinet, a vented cabinet and a vented cabinet with
added acoustic resistance are shown in Fig. 4 (a) and (b).
The action of the vented enclosure is based on the
principle of the Helmholtz resonator. A volume of air
enclosed in a cavity having a small aperture or duct open
to the outside air is sensitive to a relatively narrow band of
frequencies when set into resonant vibration. The motion
of the air in the enclosure is negligible compared with that
in the vent. The enclosed air behaves as a spring of stiffness
inversely proportional to its volume, while the air in the
duct can be regarded as a piston having a mass proportional
to the volume of the duct. Reverting to the electrical
analogy, the cavity may be said to store acoustical energy
as a capacitor stores an electrical charge. Similarly, the
air in the vent possesses acoustic inertia and is the equivalent
of inductance. Such a combination represents a resonant
circuit, which will oscillate at a resonant frequency deter
mined by the volume of the cavity and the dimensions of
the port.
When the enclosure is excited by a loudspeaker and its
resonant frequency is adjusted by varying the area of the
vent to match the natural resonant frequency of the speaker,
the system behaves as two tightly coupled resonant circuits.
Now two closely coupled tuned circuits exhibit two resonance
peaks, one above and the other equally displaced below the
resonance frequency of either circuit alone, and if the
circuits are suitably damped, the peaks are broadened so
that the system functions as a band-pass filter. In like
manner the cone and the enclosed air may be said to be
FREE AIR CONE RESONANCE
u

§o
|

{

Fig. 5. Impedance
CLOSED CABINET RESONANCE
,,
a
j \ -curve of bass reflex
(\ VENTED ENCLOSURE RESONANCE enclosure compared
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closely coupled by virtue of their intimate acoustic connec
tion. The damping effect of the close coupling causes two
subsidiary resonance peaks to appear in place of the original
free air cone resonance, one above and the other below the
original resonance. If the system is correctly tuned by
adjusting the vent dimensions, these two peaks will have
equal but smaller amplitudes than the free air cone resonance
and will be equally separated from it, as shown in Fig. 5.
The beneficial result of this is two-fold : it places a restric
tion on excessive cone excursions, thereby reducing harmonic
distortion, and spreads the low frequency response more
evenly over a wider band.
Another valuable characteristic of the vented enclosure
is its bass-reflex or phase inverting action. This is its
capacity to make use of the radiation from the back of the
cone to augment the radiation from the front at low
frequencies. The general effect is that the inertia of the air
in the vent at the upper and middle frequencies sets up a
back pressure that prevents the pulsations from being
released through the vent, so that the enclosure reacts as a
closed box. At the lower frequencies the vent reactance
falls, while the enclosed air behaves as a rigid mass, or
connecting link, permitting the pulsations to emerge from
the vent in reverse phase, reinforcing the radiation from the
front of the cone.
The following conditions provide optimum results from
a vented enclosure : (a) the resonant frequency of the
enclosure and the resonant frequency of the loudspeaker
should be the same ; (b) the cross-sectional area of the vent
should be equal to the cone piston area. The minimum
volume of a vented enclosure can be found from the following
formula:
4-66 x 10G x A
V=

fWA

where V is the volume of the enclosure in cu. in., A the area
of the vent opening (cone piston area) and / the resonant
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frequency of the cone. The cabinet size can be reduced if
the vent is extended internally to form a duct. The formula
then becomes :
4-66 x 106 X A

V= PQ + VA)
where l is the length of the duct. Suitable vent areas and
minimum enclosure volumes for various sizes of loudspeaker
are given in Table 1. A corner position for the enclosure is
assumed.
Table 1.—Suitable Dimensions
Enclosures

for

Vented

(in.)

Cone
resonance
(c/s)

Minimum
volume
(cm. ft.)

Area of
vent
(sq. in.)

8
10
12
15

60
50
45
35

3
5
6
8

40
50
40
60

Loudspeaker
unit

To some extent, the size of the enclosure can also be
reduced by reducing the size of the vent. Table 2 gives
dimensions for enclosures when a duct is included and when
the area of the vent is varied.
The position of the vent in the enclosure is not important,
although it should not be too close to the loudspeaker
opening. Two smaller vents at each side, together giving
the correct vent area, may be used.
Fig. 6 illustrates some common variations in the basic
design : (a) shows a simple open vent; (b) shows the vent
extended to form an internal duct. This makes the system
function as a low pass filter, improving the low frequency
response, and also makes it possible, as previously mentioned,
to reduce the volume of the enclosure for the same resonant
condition. In (c) the duct is extended upwards to produce
a similar result. The horn-loaded enclosure shown in (d)
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Table 2.—Suitable Dimensions for Vented
Enclosures
Volume of
Enclosure
(cu. ft.)

Drive Unit

8 in. (50-60 c/s free
air resonance)

Length of
Duct

14
14
16

2-5
3
3-5
4
4-5

12 in. (40-50 c/s free
air resonance)

15 in. (30-40 c/s free
air resonance)

Area of vent
Opening
(sq. inf

3
2

*
*
*

20
25

16

4

5

3
3
2

20
30
40

6
7
8

*
*

50

6
8

3
3
2

30

50
75
85
100

10
12
14

*

#

* No duct.
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represents an extension of the principle of the duct. The
expanded radiating area at the mouth of the horn improves
the radiation characteristic and reproduces the low frequen
cies more efficiently than a parallel-sided duct.
The shape of the enclosure is not too important. The
ratio between any two dimensions, however, should not
exceed 3:1 or the enclosure will act as a pipe.
To sum up, the bass-reflex system is a versatile one.
The resonance frequency of the enclosure is reduced either
by increasing the vent area and keeping the volume constant,
or by increasing the volume and keeping the vent area
constant. It follows that a small enclosure volume with a
small opening can be made to resonate at the same frequency
as a large volume with a large opening. Unfortunately,
too small a vent has a low radiation resistance and radiates
the low frequencies poorly ; too large a vent tends to
nullify the reflex action. Between these two extremes there
is an optimum combination of volume and vent area for a
loudspeaker of given size which will give the most efficient
low frequency radiation. This occurs when the radiation
resistance of the speaker and the vent are the same, that is,
when the vent area is made equal to the piston area of the
speaker. On the whole, it is better to make the vent a little
too large than too small, and fit an adjustable slide to permit
the area to be varied experimentally until the best response
is achieved.
In recent years, some small duct-loaded enclosures have
been so designed that the main low-frequency output is
from the vent. In these designs the duct is extended farther
into the cabinet. By doing this, the cabinet and duct volume
are made to act as an impedance transformer, and small
amplitude excursions of the loudspeaker cone become large
amplitude radiation at the mouth of the duct.
Cabinet Construction
Enclosures should be rigidly constructed of resin-bonded
p ywood, chipboard, Plimber or equivalent material, at
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least f-in. thick, and reinforced where necessary to prevent
flexing and vibration. Panels must be thick or dense enough
to preclude all possibility of sympathetic vibration. To
avoid internal resonances due to cross-reflections and to
absorb the middle and high frequencies, line all parallel
inside surfaces to a depth of 1 in. with foam rubber, soft
felt, glass wool or similar sound-absorbent material. Efficient
absorption at the middle and high frequencies is essential,
otherwise interaction between parallel panels will set up
standing waves, producing peaks and troughs in the response.
Another way of achieving the required damping is to insert
a slotted or perforated partition of non-resonant material
one-third of the way from the top of the cabinet. This
device is particularly effective in damping the third harmonic.
Built-in corner enclosures constructed of brick or concrete
are ideal for freedom from inherent structural resonances.
Similar results can be obtained by the use of double hardboard or plywood panels, spaced £ in. to 1 in. apart, according
Table 3.—Average Densities of Constructional
Materials
Material

I

Aluminium .
Beech
Birch .
Brass .
Brick .
Brickwork in mortar
Cement
Concrete
Cork .
Deal .
Ebony
Elm .
Fir
Granite
Gravel
Lead .

Density
(gm/cc)
2-7
0-72
0-67
8-4
1-6
1-9
3-0
2-2
0-25
0-47
1-2
0-57
0-45
2-7
1-8
11-3

Material

Mahogany .
Maple
Marble
Oak .
Pine .
Plaster of Paris .
Poplar
Sand, coarse
Sand, dried loose.
Sandstone .
Sapele
Stone, Bath
Teak .
Walnut
Whitewood, American
Willow

To convert gm/cc to Ib/cu. ft., multiply by 62-43.
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Density
(gm/cc)
0-53
0-74
2-7
0-72
0-50
1-2
0-50
1-8
1-6
2-2
0-64
20
0-79
0-63
0-51
0-45
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Fig. 7. Improved high frequency dispersion and reduction of
standing waves obtained with corner speaker.

to the size of cabinet, on a sturdy wood framework with dry
sand in between. As a guide to the choice of materials, the
relative densities of the more common ones are given in
Table 3.
Cabinets designed for corner mounting provide useful
reinforcement in the forward direction. The gain can be
roughly estimated by comparison with a free-standing
system. Such a system will radiate uniformly in all direc
tions. If it is placed in front of a flat wall, the radiation
will be confined to half the volume and at low frequencies
the intensity will be doubled. A corner position again halves
the volume of irradiated space, giving a total gain in intensity
of roughly four times.
Other benefits from corner placing are : First, the speaker
subtends a total angle of only 90°, compared with 180° when
placed in front of a flat wall (Fig. 7), so that the listener
will always be within 45° of the speaker axis and will receive
the directional higher frequencies more effectively and
uniformly wherever he may be situated. Secondly, the walls
and floor of the room are virtually an approach to a horn
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Fig. 8. Constructional details of “ Axiom ” reflex cabinet for
12-in. loudspeaker. Design by Goodmans.

formation, which improves the efficiency of low frequency
reproduction. Thirdly, since the radiation never hits the
walls at right angles, standing waves are reduced, and the
multiplicity of wall reflections subdues and distributes the
room resonances in a more random manner over the
frequency spectrum.
Most loudspeaker manufacturers supply designs and data
for the construction of enclosures suitable for housing their
loudspeakers. Figs. 8 and 9 show two examples of reflex
cabinets obtainable either complete or in ready-to-assemble
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Enclosure dimensions (in.)
Speaker
HF610 .
HF810 .
HF912 .
10 in. Duplex •
12 in. Duplex *
10 in. Duplex f
12 in. Duplex +
DC1814 .

A

B

C

D

E

F

G

H

21
22
30
381
30
30
33
461

14
16
22*
27
27
17
24
30

10
11
15
18
18
10
15
20

53
7
■SI
9i
11
91
111
16

4
3
6
8
6
5*
51
6

4
4
6
8
7
4
34
7

34
4
53

4
4
5
5
6
5
7
8

• Cambric cone.

5i
9
5}
6
10

t Pulp cone.

parts for home construction. The Axiom enclosure, shown
in Fig. 8, designed by Goodman’s Industries Ltd., is
intended primarily for use with their Axiom 22 Mk. II,
Axiom 150 Mk. II, Audiom 60 and Audiom 70 loudspeakers.
An acoustic resistance of special design is available from
the makers for inclusion in these enclosures. It consists of
a flat rectangular panel with predetermined acoustic loading
properties, and can be easily fitted in one side of the enclosure
in place of the usual vent or duct. The advantages of this
additional feature, when used with the loudspeaker com
bination and enclosure for which it is designed, are that it
is possible to reduce the overall size of the cabinet to twothirds that of a conventional reflex enclosure, and air loading
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is fully maintained down to zero frequency, thus reducing
harmonic and intermodulation distortion.
The second example, shown in Fig. 9, is one of a range
of reflex cabinets, the “ Prelude ” console, designed by
Whiteley Electrical Radio Co. Ltd., and available either
ready assembled or as a kit of parts for home construction.
The accompanying table shows how the dimensions are
adjusted to suit different loudspeaker models. The cabinet
is also made to taper at the rear from 20J in. to 12£ in., to fit
into a corner and take advantage of the acoustic reinforcing
properties of the walls. Provision is made in the top lefthand corner of the cabinet for mounting an auxiliary treble
unit.
The dimensions of these cabinets are not excessively
critical and may be made to vary by up to 10 per cent of the
prescribed value, but the dimensions of the aperture must
not be altered. To preclude any tendency to resonate as a
tuned pipe the cabinet should be neither too high nor too
narrow. Within these limits the height and cross-section
may be varied from a rectangular shell to a triangular prism
to suit individual preferences for styling and position in the
room.
The Exponential Horn
An exponential horn permits the wave front projected by
the diaphragm to spread at a uniform rate and provide a
correct acoustic match with the resistance of the surrounding
*3

Fig. 10. Exponential horn.
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air. It may, therefore, be regarded as an acoustic trans
former which changes the high pressure distributed over
the small area of the throat to a low pressure over the larger
area at the mouth. The cross-sectional areas at different
points along the axis are related by the equation
Ax=A0e fflx
where Ax = cross-sectional area at any point distant x along
axis ; A0 = cross-sectional area at throat (at #=0); x =
distance along axis from throat; m = flare constant;
e = base of Naperian logarithms.
Successive cross-sectional areas at equidistant points
along the axis are in geometrical progression and have a
constant ratio determined by the flare constant, as shown in
Fig. 10, where
area A3
area A2
area Ax
area A2 ~ area A* ~ area A0
For example, if the area is 10 sq. in. at the throat and 20 sq.
in. at 1 foot distance, it will expand to 40 sq. in. at 2 ft.
80 sq. in. at 3 ft., and so on.
Since the cross-sectional area varies as (diameter)2
(djdry=e mx
Hence, for a given rate of expansion, the axial length
#=(4*605/m) log (djd0)
Cut-off occurs sharply when the acoustic resistance falls
to zero at a particular frequency
f=mv^Tr
where v is the velocity of sound. If v is taken as 1,120 ft/sec.,
the flare constant in inverse feet

m=fl89T
The radiation resistance is nearly resistive over the whole
frequency range down to cut-off when the flare diameter is
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greater than A/tt. At the cut-off frequency the output is
zero and the lowest usable frequency is about 25 per cent
higher. For satisfactory reproduction at the lowest usable
frequency, the minimum length of the perimeter of a
circular or square mouth should be equal to at least one
wavelength at that frequency. The length and mouth
dimensions are therefore slightly less for a square crosssection than a circular cross-section horn. In the case of a
rectangular cross-section the length of the smallest side
should not be less than the side of a square mouth for equal
performance. On this basis the horn dimensions for the
lowest usable frequency /min are :
Minimum diameter of
circular mouth, ft
<v=Amin./7r =357//min.
Minimum side of square
mouth, ft
«v=Amin./4=280//min.
Minimum axial length of
circular cross-section
horn, throat diameter
* =(513//min.) log (446K/min.)
d0, ft
Minimum axial length of
square cross-section
horn, throat side aQ, ft a: =(513//miJ log (350/tf0/min.)
For constructional purposes the ratio of any two successive
cross-sectional areas per unit axial length can be calculated
from
AJA^ntilog. (0-0039/min.) per ft
=antilog. (0-000325 /miJ per in.
The correct throat diameter to match the impedance of the
diaphragm and load the speaker effectively is usually found
experimentally and is about half the nominal speaker
diameter. For a given lower frequency limit, and hence a
rate of taper, the length is terminated when the flare
perimeter is equal to one wavelength. Too small a flare
will cause the horn to display harmonic resonances in the
H.F.P.B.—12
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same way as a tuned pipe. Flare dimensions and expansion,
rates for limiting frequencies from 30 to 100 c/s are given in
Table 4.
Table 4.—Dimensions of Exponential Horns of
Circular and Square Cross-section
Min. useful
frequency, c/s

30

40

50

60

70

80

90

100

Ratio of c/s
areas A2/A1 per
in. axial length

1023

1030

1-039

1046

1054

1062

1070

1077

Ratio of c/s
areas A2/A1 per
ft axial length

1-040

1-432

1-567

1-714

1-875

2-051

2-244

2-455

Min. diameter of
circular mouth,
ft

11-9

8-9

7-1

6-0

5-1

4-5

4-0

3-6

Min. side of
square mouth, ft

9-3

7-0

5-6

4-7

4-0

3-5

3-1

2-8

Although the exponential horn is the most efficient form
of loading, useful extension of the low frequency end of the
spectrum requires an excessively long horn and a large flare
diameter. For a 12-in. speaker the throat is about 6-in.
diameter, and a circular cross-section horn capable of main
taining the response down to 40 c/s would have to be 17 ft
long and have a flare diameter of 9 ft. Under domestic
conditions the space available restricts the dimensions, and
practical horns are generally a compromise.
Folded Horns
The disadvantage of a long straight horn is overcome, in
practice, by folding the horn in multi-tapered lengths of
rectangular cross-section and using a corner of the room as
the terminating section. Folding virtually extends the throat
to a distance behind the corner equal to the aggregate length
of all but the final section. Much ingenuity has been dis
played by designers in packing the maximum number of
convolutions into a cabinet of acceptable size for domestic
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\
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/
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I
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I

(b)
Fig. 11. Rear-horn loading.

EQUIVALENT CIRCUIT

(a)
listening. The closer the assembly can be made to approach
the true exponential shape, the smoother and more resistive
will be the loading. A folded horn, however, has an irregular
impedance characteristic. In negotiating the turns the path
lengths may vary an appreciable fraction of a wavelength at
the higher frequencies, causing mutual cancellation to occur.
Standing waves are set up between parallel sides at fre
quencies for which the spacing is equal to the half-wavelength, when the other two sides vary exponentially. These
effects may be mitigated by horn loading the back of the
cone and enclosing it in a cavity of appropriate volume, as
in Fig. 11 (a). The cavity is analogous to a capacitor and
functions as a low pass filter, while the front of the cone
performs as a direct radiator. The increased air stiffness at
the back of the diaphragm improves the upper and middle
frequency loading in the forward direction, while the low
pass action permits the lower frequencies to pass more
readily along the horn. The cavity is, in effect, an acoustic
cross-over. In this way the horn may be made to provide
smooth acoustic output below a given mid-frequency and
attenuate the upper range, giving an overall response, as
shown in Fig. 11 (b).
Front horn loading, which does not make effective use of
the back radiation, needs different treatment. If the back
of the diaphragm were left open to the surrounding air, the
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COMPRESSION CHAMBER

/

Fig. 12.

Front-horn loading, The volume of the compression
chamber is given by V—3AI {approximately).

diaphragm would move more freely in a backward direction
against the free air compliance than in the forward direction
against the mass of the air column in the horn, and the
response would be non-linear. These unbalanced move
ments may be corrected by the use of a compression chamber,
as in Fig. 12 (a). The chamber linearises the motion of the
diaphragm by compensating the mass of the air column by
an equal and opposite air stiffness reactance in the chamber.
When the chamber is properly dimensioned, the improved
resistive load permits more useful acoustic power to be
developed without distortion.
The volume of a compression chamber is a function of
the horn dimensions. For general guidance, the approxi
mate volume for a given size of horn may be taken as being
equal to three times the product of the throat area and the
axial length for the cross-sectional area to double, as shown
in Fig. 12 (b).
Dual-horn loading is another solution to the problem of
equalising the loading on either side of the diaphragm. This
is exemplified by the folded horn construction shown in
Fig. 13 (b). One advantage of this method is that the
radiation from both sides of the diaphragm is made to do
useful work.
Even the dimensions of a folded horn to reproduce down
to a lower limit of 40 c/s are rather large for the average
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Fig. 13.

Folded horns.

(a) Back loading.
loading combined.

(b) Front and back

living-room. A disused cupboard or passage has more than
once been adapted successfully, but such facilities are seldom
available. The device of making use of a corner of the room
as an extension to the horn has already been mentioned.
Another favourite method is to combine the features of the
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*
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WHOLE LENGTH OF BACK PANEL

SLOT. SEE DETAIL 'X’

• Diameter of aperture to suit
cone dimensions. Slot area
increased proportionally.

\
N-r THICK PLYWOOD OR WEYROC,
8
ETC THROUGHOUT

Fig. 14. Combined corner horn and reflex enclosure.

horn and the reflex chamber. The horn provides the loading
down to its cut-off frequency. Below this frequency the
reflex chamber carries the response on to a lower limit.
Figs. 13 {a) and (6) shows two typical constructions, (a)
is a straightforward example of back-loading. Folded horns
are employed in (6) to load both faces of the cone. Sound
waves developed in reverse phase at the front and back travel
by twin paths and merge in the final section of the horn,
which is shaped to project them into a corner of the room.
Since the path lengths from the front and back of the cone
are phase additive at the output, the effective length of the
horn is equal to the sum of both paths.
Fig. 14 shows constructional details of a corner horn
combined with a vented chamber. It is designed to take
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PATH OF SOUND WAVE

Fig. 15. A multiplefolded rear loading
horn is used in the
“ Acousta ” enclosure
developed by
the
. Lowther Manufactur
ing Co. Ltd.

SPEAKER
BAFFLE

K.

HORN
OPENING

advantage of a corner position. Fig. 15 shows the general
arrangement of the more ambitious horn-type enclosures
developed by the Lowther Manufacturing Co. The horn
is used to load the back of the cone. By multiple folding
the effective length is extended to provide smooth air loading
down to a low cut-off.
High Frequency Horns
A horn is virtually a high pass filter which attenuates all
frequencies below a certain frequency determined by its
length and shape. Its dimensions may be greatly reduced
for use with tweeter units having a high cut-off frequency.
Tweeters beam the high frequencies strongly along the axis,
but the deficiency at the sides can be overcome by directing
the energy through a horn specifically shaped for wide-angle
dispersion in the horizontal direction.
The Diffracting Horn.—This type has parallel sides and flares
sharply upwards to form a narrow rectangular mouth, as
represented in Fig. 16 (a). Its action depends on the
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FLARED IN
VERTICAL
PLANE

I
i

FLARED IN
HORIZONTAL
PLANE

/f

A.
i
n

l

DIRECTION OF
MAXIMUM DISPERSION

(“)

MAXIMUM
DISPERSION

(b)

Fig. 16. Horns for treble speakers.

WAVEFRONT

{a) Diffracting horn.
(b) Reciprocating flare.
(c) Multi-cellular horn.

principle that sound emerging from a narrow slit without
a baffle, and small compared with the wavelength of the
sound to be radiated, diffracts readily round the edges.
Paradoxically enough, sound is thus dispersed more effec
tively in the horizontal direction than in the vertical and
the angular distribution is smooth and free from lobes.
The Reciprocating Flare.—This is shown in Fig. 16 (6). Like
the diffracting horn, it has two parallel sides and expands
rapidly in the vertical direction, but at a certain point along
its axis the flare reverses, so that the direction of expansion
changes from the vertical to the horizontal plane. Along
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the initial section of the horn pressures are higher along the
sides than along the top and bottom. At the point where
the direction of flare changes the pressures are released,
allowing the energy to disperse rapidly in the horizontal
direction through the final section. In this case, by mak
ing the dimensions of the mouth large compared with
the wavelength, energy is distributed over a very wide
angle.
The Multi-cellular Horn.—This structure (Fig. 16 (c)) is
MAXIMUM PRESSURE,
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Fig. 17. Fundamental and harmonic modes of
vibration in open and closed tuned pipes.
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built up of a number of elementary horns in various forma
tions to control the distribution pattern. A common arrange
ment is three by two, giving wider dispersion in the horizontal
direction than in the vertical. Individual elements radiate
their characteristic lobe, each one overlapping the next and
merging into a more or less hemispherical pattern. Because
of the radiation cross-over from adjacent units, the wavefront is characterised by small humps and dips and is less
uniform than that obtained with either the diffracting or the
reciprocating flare.
Pipe Loading
The tuned pipe method of loading is based on the same
principle as the organ pipe and many orchestral wind
instruments. A pipe of constant cross-section, closed at one
>
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A
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Fig. 18. Tuned pipe loading. (a)
Loudspeaker mounted in a quarterwave closed pipe. (b) Practical
design for a folded quarter-wave
closed pipe, using corner reflection.
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end and excited at the other, resonates at a fundamental
frequency corresponding to a wavelength four times its
length and at odd harmonics of that frequency. Standing
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waves are produced by reflection from the closed end, where
the pressure is a maximum and amplitude of displacement
a minimum, as represented in Fig. 17 (a). A pipe open at
both ends resonates at the same fundamental frequency as
a closed pipe of half the length and at all odd and even
harmonics of that frequency, as shown in Fig. 17 (b). At
the open end the standing waves developed inside the pipe
change to progressive waves outside and the pressure is
equalised with the atmosphere. Pressure is, therefore, a
minimum and displacement a maximum.
The pipe, usually rectangular in section, is made approxi
mately a quarter-wavelength long at a frequency slightly
below the fundamental resonance of the loudspeaker and
the loudspeaker is mounted at one end, as in Fig. 18. This
brings the direct radiation at that frequency from the front
of the cone into phase with that from the open end of the
pipe and reinforces the low frequency response. A pipe
half a wavelength long would have the reverse effect and
cancellation would occur. Below the resonant frequency
cancellation commences, causing the response to fall off
sharply. In order to eliminate harmonic resonances and
cross-reflections the pipe is lagged inside.
When the cross-section (A) is an appreciable fraction of the
length, the required length is more closely represented by
—0*48 \/A (for a closed pipe)
/=^/2f—0*96 \/-^4 (for an open pipe)
where /, v (velocity of sound in air, 1,131 ft./sec.) and A are
in similar units (i.e. inches or feet).
To reproduce the lower frequencies effectively the length
would be prohibitive. For a cut-off around 30 c/s a closed
straight pipe having a cross-section of 2 sq. ft. would be
about 17 ft. long. This length might be achieved by making
use of a ventilating shaft or a chimney, but the difficulty
can be overcome by folding as shown in Fig. 18 (6).
An improved version of quarter-wave loading having some
of the characteristics of the horn, introduced originally by
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(a)

F*g. 19. Pipe enclosure
designed by Ralph West for
the Decca Record Co.
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18"
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\

Voigt and redesigned by West for the Decca Record Co.,
is represented in principle in Fig. 19 (a). It has been
mentioned that a closed pipe resonates not only at its
fundamental frequency, but also at odd harmonics of that
frequency. By placing the speaker one-third of the length
from the closed end at the anti-nodal point of the third
harmonic, the worst harmonic resonance is largely cancelled
out without appreciably affecting the efficiency at the
fundamental resonance.
The tube is folded to reduce the assembly to proportions
amenable to domestic use and tapered towards the open end,
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as shown in Fig. 19 (b), to damp the main resonance and
extend the range of the low frequency response. A folded
column with an effective length of 5 ft. has a main resonance
just below 50 c/s. A similar column 8 ft. long would resonoate
at about 32 c/s. The tapered design makes absorbent lining
unnecessary and consequently little energy is dissipated at
the higher frequencies. The loudspeaker loading and per
formance thus approximates that obtained from a folded
horn. An additional refinement is the method of mounting
the speaker at a small angle to the vertical to secure the
benefits of corner reflection.
The Acoustic Labyrinth
The labyrinth may be regarded as a compromise between
the ideal of an infinitely long pipe, free from resonances,

Fig. 20. Acoustic labyrinth.
and a structure of reasonable proportions. It consists of
a folded duct not less than a quarter-wavelength long at the
lowest frequency to be reproduced, lined with absorbent
material and having the loudspeaker mounted at one end.
This is shown schematically in Fig. 20. Back radiation is
dissipated along the tube partly by frictional resistance of
the surface of the lining and partly by absorption. Since
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the pressure at the far end is equalised to the outside air,
this end may be either open or closed. For effective absorp
tion at the lower frequencies the lining must be thick and
the cross-section of the duct at least equal to the effective
cone area.
An efficient labyrinth is somewhat larger than a reflex
chamber capable of comparable performance. Although the
efficiency falls at the lower frequencies, this may be com
pensated by bass boost in the amplifier. The loading on
the cone is free from resonances and reproduction is char
acterised by a smoothness of response not easily achieved
with many other types of enclosure.
Column Loudspeakers
The column speaker is much favoured for stereo
phonic reproduction mainly because of its omnidirectional
characteristic, which maintains the stereophonic illusion
over a large section of the room, and the small floor space
required. Two of these units can be placed unobtrusively
12"^—14'^

it:

DIFFUSER

w

::
44"

''
ACOUSTIC
FILTER
jaDaQaac

S'

VENTS

J

Fig. 21. Column loudspeaker developed by Wharfedale.
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in a medium-sized living-room and easily moved in relation
to each other for optimum results. The type outlined in
Fig. 21 and marketed by Wharfedale Wireless Works, Ltd.
has some of the features of a tuned pipe, but functions
basically as a reflex enclosure, having dimensions 14 in. X
12 in. x 44 in. high.
The loudspeaker is mounted horizontally at the top of the
column with a metal diffuser above it to provide uniform
distribution in all horizontal directions at a suitable listening
level. In common with other Wharfedale designs it has an
acoustic filter two-thirds of the way down from the driven
end of the column. This unit consists of a finely slotted or
perforated plywood panel, which functions as a low pass
filter and attenuates the middle and high frequencies and
reduces harmonic resonances. The upper section is
thoroughly lagged to damp panel resonances and prevent
the formation of standing waves. Two vents are cut in
opposite sides a little above floor level, while the bottom is
closed so that the enclosure may be stood on any kind of
surface without affecting its performance.
Stereo Speaker Cabinets
A drawback of stereo equipment is that highest quality
performance can only be expected from adequately spaced
full-size speaker enclosures, which are often difficult to
accommodate in the average living-room. For this reason
manufacturers have turned their attention to the production
of smaller cabinets capable of giving a comparable overall
response. A distinction must be drawn between serious
methods of achieving wide range level response and the
mere exploitation of the natural resonances of the cabinet
structure. While no fundamentally new concept is involved,
many known devices have been put to good effect.
Probably the commonest solution to the problem, where
performance can be sacrificed to a certain extent to con
venience, is the comprehensive cabinet or radiogram, in
corporating speakers, amplifiers, record player, tape and
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Fig. 22. Some methods of mounting stereo speakers in a common
enclosure.

tuner units in a single housing. One form of cabinet has
two built-in speaker systems, suitably spaced and orientated
for good stereo definition in an average size living-room.
Fig. 22 (a) outlines a simple straightforward construction ;
(6) shows an enclosure fitted with adjustable reflectors to
vary the spread of the sound source ; and (c) illustrates the
use of the reflecting properties of side walls to irradiate the
listening area. Another type of cabinet contains one built-in
speaker unit for one channel and a separate or detachable
unit for the other, which can be placed advantageously in
another part of the room.
A unique example of a single enclosure for stereo repro
duction is the Lowther Acousta-Twin, which has been
developed to simulate the reverse of the response pattern
obtained by the well-established Stereosonic method of
recording. The stereosonic system relies on the principle of
combining the figure-of-eight polar diagrams of two micro
phones mounted close together with their axes at 90° to
each other. For a given sound intensity at a constant dis
tance in any direction from the microphones, the sum of the
output voltages remains substantially constant. Similarly,
for a given power output, the aim in the design of the Acousta
Twin enclosure has been to provide all-round acoustic
intensity and stereo balance. Irrespective of the listening
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position, there is a complete absence of the “ precedence ”
and hole-in-the-centre effects so often associated with spaced
directional speakers.
The enclosure is constructed to stand centrally in front of
a wall. Twin, wide-range speaker units conduct the sound
through short directional horns, expanding into outlets at
either side so as to project and distribute the sound forward
from the wall towards the main listening area. Two supple
mentary outlets combine at a central position at the top rear
of the enclosure to irradiate the outer zone. A two-winged
deflector, set at an angle to the top and adjustable in altitude
and azimuth, controls the upward diffusion and balance.
Provision is made for monophonic reproduction from
either a single or two-channel amplifying system by fitting
two side wings which can be set at approximately 45° to
the speaker axes to diffuse the sound over a wide listening
area. The top deflector wings are reversed to concentrate
the sound in the forward direction. By adjusting the height
of the deflector and the angle between the wings, the amount
of sound projected over the central sector can be controlled
to lend spaciousness and depth to orchestral performances
or limit the spread for solo items and talks.
Another line of attack is the exploitation of attested acous
tic contrivances and improvements in speaker design. Of
these may be mentioned the inclusion in reflex cabinets of
acoustic filters ; the reduction of vent area to a minimum for
a given volume ; the use of concentric cone or dual speakers
to extend the frequency range ; and the addition of tweeters
to raise the upper frequency limit.
A third approach is the reduction of the base area of the
cabinet and maintaining the volume by increasing the height.
Both the reflex cabinet and the tuned pipe constructions lend
themselves to this treatment.

H.F.P.B.—13
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9
DISC RECORDING AND
REPRODUCTION
Thomas Edison’s earliest recordings in 1877 were made by
causing sound vibrations to produce “ hill and dale ”
indentations on a cylinder coated with tin foil and rotated by
hand. Several years elapsed before recordings on wax
cylinders became generally available for playing on spring
driven gramophones. In 1888 Emile Berliner introduced
the improved lateral or side-to-side method of cutting on
discs, which is in universal use to-day. One important
drawback of the “ hill and dale ” or vertical process system
is that the unbalanced movements of the stylus are a
source of even harmonic distortion. The advent of electrical
recording in 1925 completely revolutionised recording
methods and led to a multi-stage technique. To-day,
recordings are first produced on magnetic tape before
being transferred to discs. The main disadvantage of disc
originals is that if a technical defect or musical error occurs
during an LP recording, the whole recording has to be
discarded, and heavy expenses are incurred by repeated
retakes. On the other hand, tape recordings can be made
without the interruption of changing discs, are easily
edited and can be played back as many times as desired.
Sections may be cut and repeated or the recording made
m shortened sittings and integrated when the tape is
edited.
The steps in the recording sequence are represented
^grammatically in Fig. 1 and may be summarised as
0 °ws: tape recording; tape replay and equalisation for
recording characteristics; lacquer master disc (positive
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POSITIVE
IMPRESSION

NEGATIVE
MATRICES

€

PRESSINGS OF
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Fig. 1. Disc recording sequence.

impression); electro-deposited father shell (negative impres
sion) ; electro-deposited mother shell (positive impression);
electro-deposited matrices (negative impression); bulk
pressings in Vinylite (positive impression). When the tape
recording has been checked and approved, it is transferred
to the master disc by feeding the recording head from a
tape playback amplifier. The master is a metal disc coated
with an acetate lacquer, which has a smooth, homogeneous
surface of the requisite degree of softness for cutting. It is
important that the surface should be perfectly smooth and
free from irregularities to keep the background noise to the
lowest possible level and ensure good high frequency
response. To assist the formation of a smooth and uniform
groove, two methods have been devised to soften the
surface during the cutting process. The first is the hot
stylus method, in which the stylus is heated by a resistance
spiral just enough to soften the lacquer at the contact point.
Alternatively, the disc is heated to a pre-determined tempera
ture by radiant heat while it is rotating.
DIRECTION OF
ROTATION

CUTTING
STYLUS

TIP RADIUS
~
"

TIP RADIUS
0-001"

STANDARD
MJCROGROOVE
REPRODUCING STYLI

Fig. 2. Recording and reproducing styli.
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The recording head performs the dual function of cutting
a spiral groove in the disc and simultaneously impressing the
modulation waveform upon it. In contrast with the rounded
point used for reproduction, the diamond or sapphire cutter
has a triangular chisel edge, as shown in Fig. 2. A high
precision driving mechanism tracks the head in a straight
line radially across the disc along a revolving screw as the
disc rotates. Constancy of speed to within OT per cent or
less and absolute freedom from play are essential to avoid
\/

\ /TTq-0026"

/

0-006"

0-006"

COARSE GROOVE
PITCH 100/IN.

0-004"

^ynyjTo-ooBsr*y »■
5-0025"

0-0025"

MICROGROOVE
PITCH 240/IN.

0-0017"

Fig. 3. Groove dimensions.
“ flutter ” and “ wow ” in the reproduction. Swarf left
on the surface by cutting is removed by suction. Standard
dimensions and spacings of grooves are given in Table 1
and illustrated in Fig. 3.
Since the amplitude of the stylus vibrations is proportional
to the sound intensity, there is a risk with microgroove
records that fortissimo passages may cause the stylus to cut
into an adjoining groove. This is overcome by varying,
either manually or automatically, the groove spacing on the
incidence of exceptionally loud or soft passages. One way
of achieving this result is to control electronically the
radial speed at which the cutter moves across the disc.
The instant at which the speed is to be changed is pre
determined by applying part of the record amplifier output
to a tape recorder having twin playback heads, spaced apart
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so that one anticipates the other. The output voltage from
the advanced head is fed to a second amplifier, rectified and
applied to a device that varies the speed of the motor which
drives the cutter.
When the original has been cut, as many as three successive
impressions are made by electro-deposition of nickel and
then copper, to form a series of shells. Known respectively
as the father, mother and son, they are alternately negative,
positive and negative replicas of the master. Test pressings
are made from the father for technical and artistic checking
before proceeding to the next stage. When these have been
approved, the mother shell is formed. The son, which is
obtained from the mother, is the working matrix from which
the final pressings, having positive impressions, are obtained,
additional matrices being readily available from the mother
for quantity production. These matrices are given a final
thin plating of chromium to increase their resistance to
wear and are then fixed to a backing plate and trimmed.
The father is stored for emergency use in the event of the
mother being damaged, or is sometimes used to obtain the
final pressings when only a small number is required.
Modern LP records are made mainly of Vinylite, which is
unbreakable, substantially grainless and produces a very
low level of surface noise. Double-sided records are
manufactured by pressing the pre-heated material between
two matrices. Steam pressure is applied to soften the mass
and ensure thorough penetration into the grooves of the
matrices. After a while the heat is removed and the matrices
are cooled by circulating water. The record is then with
drawn, its rim is smoothed off and the surfaces are carefully
inspected for defects. Finally, checks are made of the
reproduction by random sampling.
Recording Heads
Magnetic cutters, either moving-coil or moving-armature
types, are generally used for recording. The moving-coil
type may take one of two forms. In the first the stylus is
192

;

fixed directly to the coil, which is free to oscillate on a
horizontal axis between the poles of a permanent magnet, as
in Fig. 4 (a). Interaction between the magnetic field
produced by alternating current in the coil and the field of

I
PIVOT
n

t

PERMANENT
MAGNET

(a)

Fig. 4. Moving-coil recording heads, (a) Coil
on horizontal axis, (b) coil on vertical axis.

the magnet causes the coil to oscillate within the gap, and
this motion is translated into transverse vibrations of the
stylus. In the other form the stylus is carried on a cantilever
attached to a coil rotating on a vertical axis, as shown in Fig.

4(6).
The moving armature type (Fig. 5) depends for its action
RUBBER
DAMPING

V,

PERMANENT
MAGNET

Ti

PIVOT

STYLUS

Fig. 5. Moving-armature
recording head.
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on the oscillatory movement of a light pivoted iron armature
in the field of a fixed coil situated between the poles of a
magnet. When the coil is energised by alternating current,
the free end of the armature vibrates between the magnet
poles, producing a corresponding movement of the stylus.
Rubber damping pads prevent the armature from making
actual contact with the pole pieces and restore it to the
central position in the absence of modulation.
Recording Characteristics
All types of magnetic head have a constant velocity
characteristic. Since the velocity is the same for all
frequencies, it follows that if the velocity is maintained
constant and the frequency is halved, the time taken to
execute one cycle is doubled and the stylus travels twice as
far. Hence the amplitude of the deflections varies inversely
as the frequency. At very low frequencies the amplitude
would be too large for the groove spacing, and unless the
amplitude were restricted, the spacing would have to be
increased. On the other hand, at very high frequencies the
excursions of the stylus would be so small that they would
be comparable with the dimensions of the granular structure
of the material of the disc. The response would fall
excessively and background noise would be relatively high.
Ideally, the average velocity of the stylus should be pro
portional to the voltage over the whole audio frequency
range. To obviate these undesirable effects it is necessary
to limit the displacements of the stylus at low frequencies.
The constant velocity characteristic is retained above about
500 c/s and modified to constant amplitude below this
frequency by equalising the voltage fed to the head at the
lower and upper extremes of the frequency range.
The modified response is usually depicted by a recording
characteristic, idealised in Fig. 6, which shows the deviation
of the recorded levels on the disc from the voltage levels at
the recording head for the full range. The frequency at
which the bass response is made to depart from the normal
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Fig. 6. Idealised recording characteristic.

is known as the “ turnover frequency
In the past the
turnover from constant amplitude to constant velocity has
varied in an arbitrary manner with the manufacturer between
250 and 500 c/s at the lower end of the mid-range and back
to constant amplitude between 2,000 and 3,000 c/s at the
upper extreme. Some have favoured the retention of the
constant velocity characteristic to the upper audio frequency
limit: others have adopted pre-emphasis of the treble tones
above a given frequency to improve the signal-to-noise ratio.
Prior to 1954 several different recording characteristics were
in use in Britain, France, Germany and the U.S.A. The
American standard, known as the R.I.A.A. (Recording
Industry Association of America), has now been almost
universally accepted, and is shown on page 64. Details of
the boost and attenuation for fine and coarse groove record
ings are given in Table 2. The replay characteristics are
the inverse of these..
The equalisation required to produce the composite
characteristic is most conveniently obtained by means of
resistance-capacitance networks. Bass tones are attenuated
during recording and accentuated on reproduction by net
works producing an inverted characteristic. On the other
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Table 2.—Standard R.I.A.A. Recording
Characteristics
Frequency
c/s

Microgroove
dB

Coarse
groove
dB

Frequency
c/s

30
50
100
200
300
500

- 18-7
-170
-13-2
- 8-3
- 5-6
- 2-7

-15-7
-14-1
-10-3
- 5-9
- 3-6
1-6

1,000
2,000
3.000
5.000
10,000
15,000

Micro groove
dB

Coarse
groove
dB

- 01
+ 2-5

- 01
+ 1-3
+ 2-7
+ 5-4
+ 10-4
+ 13-7

4- 4-6
+ 8-1
+ 13-6
+ 17-1

hand, treble tones above the turnover frequency are pre
emphasised in the recording process and attenuated during
reproduction.
DISC REPRODUCTION
The essential mechanical elements of a gramophone
mechanism are : {a) a constant speed motor ; (b) a heavy
duty turntable ; (c) a speed-changing device to give angular
velocities of 78 r.p.m. for coarse groove and 45 or 33 J r.p.m.
for fine groove records. The reproducer consists of three
parts : (a) a stylus or needle, which follows the pattern
impressed on the groove as the disc rotates ; (b) a pickup
which translates the vibrations of the stylus into correspond
ing alternating voltages ; (c) a balanced tone arm, pivoted
to permit the stylus to move in an arc across the record and
trace the groove lightly at a pre-arranged pressure.
Driving Motors
The chief attributes of a good motor for a record player
are • («) accuracy and constancy of speed ; (b) smooth,
silent and cool running under continuous load ; (c) robust
mechanical and electrical construction.
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Two types are in current use : the constant speed syn
chronous motor and the induction motor. The speed of the
synchronous motor varies only with the supply frequency,
which is maintained constant within very close limits on
modern supply networks. Wide variations of voltage can
be tolerated without change of speed. A motor will stall
before its speed varies appreciably, and then only when the
voltage falls to a very low value.
The speed of the induction motor is also frequency de
pendent, and although subject to slight variations of rotor

aQffi

m

I f

\ I

(a) 2-POLE

(b) 4-POLE

Fig. 7. Tzvo- and four-pole induction motors.
slip under conditions of varying load, it will maintain
constant speed with a steady load. By rating the motor to
accept a small overload, the slip and torque can be made
essentially constant for driving a turntable. The four-pole
type (Fig. 7 (6)) runs at half the speed of the two-pole type
(Fig. 7 (a)), and is generally preferred for its more uniform
torque and slower speed, which permits a larger driving
pulley to be fitted.
Although the constant speed motor is designed to drive
the turntable at the same speed as that at which the recording
was made, small errors of speed in the original recording,
when added to a variation during playback, can produce a
discernible change of pitch, which the musical connoisseur
would not tolerate. Some of the more expensive transcription
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models have provision for a limited speed adjustment of
±5 per cent, obtainable by means of an eddy current brake.
Transcription motors for professional use are usually the
synchronous type. To ensure freedom from rumble and
“ wow ” when the reproduction is extended into the lowest
frequency limits, a generously rated motor and a heavy duty
turntable are necessary. Bearings and spindles are robustly
constructed and machined to fine limits to give continuous
service and reduce the chances of failure.
Series-wound motors have been used for a.c./d.c. opera
tion, and can be made for variable speed operation. A pre
set centrifugal governor is usually incorporated to maintain
the correct speed. This type requires an interference
suppressor to minimise commutator noise.
Motor Speeds
British Standard 1928 : 1955 recommends the speeds tor
turntables listed in Table 3.
Table 3.—Standard Turntable Speeds

Recording

Coarse groove
Microgroove

.

Turntable
speed,
r.p.m.

Tolerances
r.p.m.

78

76-92 to 78-93

33£

32-96 to 33-7

45

44-44 to 45-45

Stroboscopic Discs
Stroboscopic discs are obtainable for checking and
adjusting speed where speed regulation is provided. The
different speeds are recognised by the number of radial
bars or dots on the disc, which are given in Table 4, for use
with 50 c/s mains supplies. The disc is rotated on the
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Table 4.—Stroboscopic Discs
Speed
r.p.m.

Number
of bars

77-92
33-33
45-11

77
180
133

turntable, correct speed being indicated when the bars or
dots appear stationary under a lamp lit by a.c. placed directly
above the disc. A neon lamp, which has neglible thermal
lag, is a more effective source of fluctuating light for this
purpose than an incandescent bulb.
Turntables
Turntables are generally made of cast aluminium or
other non-magnetic material and are heavily constructed to
produce a flywheel effect, which helps to smooth out speed
irregularities and eliminate rumble in the reproduction. It
is common practice to float the turntable on springs fitted
concentrically with the spindle to prevent transmission of
vibration from the motor to the turntable and pickup.
From the standpoint of high fidelity there are several
reasons why a simple turntable is to be preferred to an
auto-changer. In the first* place, horizontal stacking of
records brings the surfaces into frictional contact and
increases wear and distortion in time. As the records are
played and the stack grows in height, the angle the stylus
makes with the groove changes, further accelerating record
wear and increasing distortion. The load on the turntable
increases with each record played, and unless the motor is
a heavy duty type, capable of exerting sufficient torque to
cope with the changer mechanism, as well as the varying
load, irregularities in speed can occur. Another objection
is that the stationary spindle from which the records are
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transferred to the turntable is also a source of friction,
which tends to enlarge the centre hole and set up eccentric
rotation, one of the common causes of “ wow
The
original disadvantage of the single player—the need to
change records frequently—has largely disappeared with the
coming of the LP record.
On early models the turntable was driven by a worm
gear and speed-controlled by a governor. With improve
ments in reproduction and extension of the bass response it
was found that this form of transmission tended to introduce
speed fluctuations which were manifested as rumble, wow
or flutter in the reproduction. Rubber-tyred friction drives
are now almost always fitted for smooth and silent trans
mission. With this type of drive the turntable is driven either
on the inside of the rim or through a concentric rim attached
underneath. In its simplest form the motor pulley drives
the turntable through a rubber-tyred intermediate wheel or
idler. The advantage of this method is that the speed is
determined only by the ratio of the pulley and turntable
diameters, and provided no slip occurs, it is unaffected by
small changes in size of the idler with wear. To avoid wow
and flutter all dimensions must be accurate, the spindles
must run perfectly true and the bearings must be entirely
free from play. On no account must lubricant be allowed
to contaminate the surfaces, otherwise slip will occur.
Speed Changers
An induction motor runs at constant speed, and the only
way of changing speed is to introduce a variable ratio device
between the motor and the turntable. For this purpose
idler drives have been universally adopted, as they are
simple, reliable and easily maintained.
Fig. 8 shows some common rim drive speed changers :
(tf) is a two-speed arrangement employing two driving
idlers of different diameters to obtain the speed ratios. A
pulley on the end of the motor shaft engages with either
idler when the motor is swung to the left or right. Scheme
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DRIVING IDLER

RIM

r0

MOTOR PULLEY

DRIVING
IDLER

SPEED
—CHANGE
is' IDLERS
MOTOR
PULLEY
^33i

DRIVING IDLER

DRIVING IDLER

RIM

DRIVING
’IDLER

3 SPEED
CHANGE
IDLERS

MOTOR
PULLEY

MOTOR
PULLEY

Fig. 8. Speed changer mechanism {not to scale), (a) and (h) twospeed, (c) and (d) three-speed.

(h) has only one driving idler. Two subsidiary speed
change idlers, belt-driven by the motor pulley, can be
swung back and forth to engage the driving idler, giving a
choice of two speeds. The three-speed arrangement shown
in (c) makes use of a single driving idler and a stepped
pulley on the motor shaft. In this case the speed ratio is
selected by moving the idler up and down and laterally at
the same time. In (d) a separate speed change idler of
suitable diameter is provided for each of the three speeds, the
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TRACKING ERROR

TRACKING ERROR

l

TRACK OF REPRODUCING
STYLUS
TRACK OF RECORDING
STYLUS

(b)

(a)

Fig. 9. Tracking error, (a) Error of a straight arm with no
overhang. (b) Reduction of error angle with offset and over
hang arm.

required speed being obtained by swinging the appropriate
idler between the motor pulley and the driving idler.
Tracking Error
The length and shape of the tone arm have an important
bearing on the tracking of the record. It has been pointed
out that the recording stylus is carried in a straight line
across the record, whereas the reproducing stylus describes
an arc of radius equal to the pivoted length of the tone arm.
The divergence between the two paths (Fig. 9) is known as

20°

u.

10° °
5°

error.
CGroove diameters 3 k to 12 in.)
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tracking error, and is defined as the angular deviation of
the track of the reproducing stylus at any point from the
tangent to the groove at that point. Tracking error increases
towards the innermost groove, where the linear speed is
least and the wavelength shortest, and with decrease of
recorded speed. It is therefore worst at the inner grooves
of an LP record, where it may give rise to marked second
harmonic distortion.
By either offsetting the pickup or curving the arm and
extending it to slightly overlap the spindle when swung
across the centre of the turntable, the error can be reduced
to small proportions. For a given effective length of tone
arm there is an optimum overhang and offset angle for least
error and distortion. For example, using an 8-in. tone arm
having an offset of 24° and an overhang of 0*55 in., the
maximum error is reduced from some 20° to 2\° at the
outermost grooves, falling to zero at the innermost grooves.
The graph of Fig. 10, plotted from Bauer’s formulas, gives
optimum degrees of offset and overhang for various lengths
of tone arm.
PICKUPS
A pickup must be primarily capable of converting faith
fully the mechanical vibrations of the stylus into corres
ponding alternating voltages with minimum background
noise. Next in importance are reliability, long stylus life
and low cost. Ideally, in order to be able to follow exactly
the pattern in the groove without developing resonances, and
to keep record and stylus wear to a minimum, the moving
parts should have negligibly small mass, extreme stiffness
and should be free to rotate on their axis with the least
possible friction. Progressive improvements in design
have made it possible to reduce the mass to very small
proportions. The overall mass of the moving parts of a
ribbon pickup can be as low as 2-5 mg, mostly in the stylus.
Most of these advances have been achieved at the expense
of some loss of sensitivity, but this is not necessarily a
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Table 5.—Classification
Principle of
operation

Electromagnetic
Electrodynamic
Piezo-electric
Electrostatic .

Types

.

Moving-armature
Variable-reluctance
Moving-magnet
Moving-coil
Ribbon
Rochelle salt crystal
Ceramic
Condenser

of

Pickups
Characteristics

Voltage proportional to
velocity of stylus
Voltage proportional to
displacement of stylus

disadvantage with modern high gain amplifiers having a
high signal-to-noise ratio.
Pickups fall into four main classes, according to the
principle of operation, see Table 5.
Magnetic types depend for their action on the generation
of a voltage when a moving armature or moving magnet
produces a variation of magnetic flux through a fixed coil.
The basis of dynamic types is the voltage generated in a
moving coil by its motion in a magnetic field. The piezo
electric effect (from the Greek piezein, to press) is the
property possessed by certain natural crystals of generating
small voltages when subjected to mechanical deformation.
The high sensitivity of the crystal pickup, combined with
its relatively low cost, are largely responsible for its great
popularity. Variable-reluctance pickups, having somewhat
lower sensitivity, are also widely used. Moving-coil and
ribbon types are capable of superior performance, but have
relatively low sensitivity and are more expensive than other
types. Condenser pickups require a polarising voltage and
are not in general use. Crystal and variable-reluctance
cartridges can be of the turnover variety, fitted with two
cantilever arms, one to accept a 0-001 in. stylus for 33$ and
^ r'P-m- records and the other to take a 0-002 in. stylus for
78 r-P-m. records.
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Mechanical resonances are liable to occur with all forms
of pickup, producing peaks and dips in the response curve.
If excessive, these resonances accelerate record and stylus
wear. A high frequency resonance is attributable to the
inertia and compliance of the moving parts and suspensions.
The smaller and lighter the moving system, the higher is the
resonant frequency. Although it is usually considered
advantageous to keep the resonance above the audible
limit, the improvement in the response is offset by a reduction
of sensitivity. Low frequency resonance may arise from the
tone arm and its suspension, and in some cases can be serious
enough to cause the stylus to jump the groove at high
amplitudes.
Equalisation for Pickup Characteristics
In addition to the equalisation to be made for deficiencies
in the recording characteristic mentioned in Section 4,
variations in the frequency response and output character
istics of various classes of pickup must be taken into account.
Crystal and condenser pickups generate a voltage proportional
to the stylus displacement, whereas magnetic and dynamic
types develop a voltage proportional to the stylus velocity.
The voltage generated must be proportional to recorded
velocity, and crystal or condenser pickups can be converted
to velocity types by differentiating their output, for example
by loading the internal capacitance of the pickup with a
resistor. As the sensitivity of the various types of pickup
varies, it is usual to provide attenuating networks in the
amplifier input circuit to equalise the input to the first stage.
This can easily be done by providing different input sockets
for “ magnetic ” and “ crystal ” pickups.
Moving-Armature Pickups
Moving armature (sometimes inferred to as moving iron)
pickups were used exclusively jO early radiogramophones.
Compared with present day designs, although the quality
of reproduction marked a copsiderable advance on the
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GROOVE
MODULATIONS

mechanical gramophone, the frequency response was
marred by inherent resonances and was far from flat. In
its present form the mass has been greatly reduced and the
response characteristic considerably improved and extended.
The basic features are shown in Fig. 11. A light, soft
iron armature carrying the stylus is pivoted between the
poles of a permanent magnet. Surrounding the armature
and between the pole pieces is a fixed coil wound with a
relatively large number of turns. While the armature is in
the neutral position, midway between the poles, the fluxes
from opposite poles balance out and the net flux in the
armature is zero. When the armature is deflected by
movements of the stylus, a state of magnetic unbalance
exists, part of the flux passes through the armature and a
voltage is generated in the coil, depending for polarity on the
direction in which the armature moves and the magnetic
field changes. In order to keep the armature normally in
equilibrium and prevent it from adhering to the pole
pieces, rubber damping cushions are fitted.
One of the drawbacks of the moving-iron pickup is that
the dampers tend to perish and lose their resiliency in time,
so that the armature becomes unbalanced and polarised. A
condition of unbalance causes non-linear movement, and
the output contains an excess of odd and even harmonics,
which produces intermodulation distortion.
Variable Reluctance Pickups
This is the most widely used of the magnetic types. In
this version a cantilever armature of magnetic material moves
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between two pole pieces, each of which carries a coil of wire,
as shown in cross-section in Fig. 12. When the stylus is
deflected to and fro in its passage along the record groove,
the armature vibrates between the pole pieces. The varying
reluctance of the air gaps causes the flux to alternate through
the coils and generate an alternating voltage in them. This
construction eliminates one of the major drawbacks of the
moving-iron pickup, previously mentioned : the armature
cannot become polarised and does not require damping pads
to maintain it in equilibrium. Since the coils are fixed to
the pole pieces instead of the armature, there is less restriction
on the number of turns that can be wound on the coil, and
the mass of the armature is therefore reduced. An output
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of the order of 8 mV with a flat response up to about 20 kc/s
can be achieved.
Moving-magnet Pickups
The action of this type is similar to that of the variable
reluctance pickup, except that the moving element is a small
magnetised rod of ferrite material, which can be magnetised
either laterally or longitudinally. Fig. 13 illustrates the
general principle. A thin laterally magnetised rod, attached
to a short cantilever which carries the stylus, is pivoted
between the poles of a magnet on which is wound a pair of
coils. Vibrations of the stylus cause the rod to oscillate and
produce an alternating flux in the magnetic circuit, which
in turn generates an alternating voltage in the coils. Fre
quency response of one design is level within 2 dB up to
about 16 kc/s. Above this it cuts off rather sharply.
Crystal Pickups
As applied to pickups, the piezo-electric element consists
of two thin plates, known as a bimorph, cut from large
'1 ^ DAMPED SUPPORT
CRYSTAL
VISCOUS DAMPING
FLUID

PIVOT

STYLUS

Fig. 14. Crystal pickup.
cultivated crystals of Rochelle salt, cemented together and
faced with thin conductive layers of metal to form electrodes.
As Rochelle salt crystals deteriorate in a humid atmosphere,
the combination is coated with a non-hygroscopic lacquer
to prevent the ingress of moisture. The assembly is clamped
at one end and enclosed in a cartridge filled with a viscous
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fluid or gel to damp the motion of the armature and suppress
resonances.
A schematic arrangement is shown in Fig. 14. When the
crystal combination is deflected in either direction by move
ments of the stylus, voltages are developed across opposite
faces of the plates, the polarity depending on the direction
of the deflection.
The main advantages of the crystal pickup are its high
sensitivity and light weight. It is a high impedance device,
having a capacitance of the order of 0-001 /zF. Unlike
magnetic types, which develop a voltage proportional to the
velocity of the stylus, the voltage generated by the crystal
is proportional to the amplitude of the displacement. An
output up to 1 V is obtainable with good designs, so that
a pre-amplifier is unnecessary. One of the disadvantages of
Rochelle salt crystals, however, is that the piezo-electric
property deteriorates at temperatures above 45° C. (113° F.),
and it is unsuitable for use in situations where temperatures
in excess of this are encountered. While crystal pickups are
widely used on economical designs, relatively few models
have been developed for high-fidelity work.
Ceramic Pickups
The transducing element in this type is a synthetic ceramic
of barium titanate, which has piezo-electric properties.
Although less sensitive than Rochelle salt crystals, this
material is non-hygroscopic, is more robust and is not im
paired by the effects of high temperature. These pickups
can therefore be used with confidence under humid and
tropical conditions.
Moving-coil Pickups
The principal features of the moving-coil pickup are shown
in Fig. 15. When a coil is rotated in a magnetic field in
such a manner that the lines of force cut the turns of the
coil, a voltage is generated in the coil. The polarity of this
voltage is determined by the direction of rotation, and its
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magnitude is proportional to the angular velocity and number
of turns in the coil. The coil, which carries the stylus, is
pivoted in bearings between the poles of a permanent magnet.
Deflections of the stylus cause the coil to oscillate in the field
between the poles and set up alternating voltages in the coil.
The size and number of turns of the coil are limited by
PERMANENT MAGNET

\
POLE PIECES
N

COIL WINDING

F

Fig. 15. Schematic
diagram of a movingcoil pickup, viewed
from the front. In
some designs the coil
is mounted vertically.

STYLUS

the permissible moving mass. To some extent the sensitivity
can be improved by increasing the flux density and concen
trating the flux more effectively through the coil by suitably
shaping the pole pieces. Because of this limitation, movingcoil pickups have a low impedance and a relatively low output
of about 3 mV, but this can be compensated for by the use of
a matching transformer to step up the impedance and voltage.
Ribbon Pickups
The moving element of the ribbon pickup is a thin ribbon
of aluminium alloy foil, which constitutes in effect a single
turn of a moving coil, possessing extremely low mass and
inertia. In one design an effective mass as low as 2-5 mg
has been achieved, most of which is in the stylus. Although
relatively insensitive and fragile, the standard of performance
is of a very high order. Uniform response up to 20 kc/s
within 1 dB is easily maintained, and an output is obtainable
up to 100 kc/s, free from resonances up to 60 kc/s. To
safeguard the moving system a protective device is included,
which causes the stylus to recede into the casing when
subjected to accidental shocks.
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Faults in Pickups
The chief faults to which pickups are prone are : (a)
Disconnection in a coil or end connections. (b) Failure
of insulation between coils or between one coil and
earthed metal parts. (c) Distortion caused by de-centrali
sation and polarisation of the armature. The armature
should lie centrally between the pole pieces and must, on
no account, be allowed to touch them. If the damping
rubbers have perished, they should be replaced. (d)
Distortion due to deposits of dust or iron particles in the air
gaps.
Styli
Nearly all modern pickups are designed to accept diamond
or sapphire styli. These are the only types which may be
considered to fulfil the exacting requirements of LP records.
Steel and tungsten carbide quickly produce flats, which

Fig. 16. Dimensions of standard
mono microgroove and coarse
groove reproducing styli.
TIP RADIUS
0*001"

TIP RADIUS
0*0025-0-003"

MICROGROOVE

COARSE GROOVE

increase record wear. The natural diamond, although many
times more expensive than the synthetic sapphire, is
extremely long wearing and will outlast many sapphires. A
diamond will give 3,000 hours’ playing time without a trace
of distortion and with much less record wear than a sapphire,
whereas the maximum life, before noticeable flats develop,
of a sapphire in careful use is about 50 hours. Over a long
period the cost of frequent renewal of a sapphire will easily
outweigh the initial cost of a diamond.
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Table 6.—Dimensions

of

Mono Reproducing Styli

Radius of spherical
point, in.
Type

Microgroove (33&
& 45 r.p.m.)
Coarse groove (78
r.p.m.)

Standard

Transcription

0 0008 to
0001
0-002 to
0-003

0-0008 to
0-001
0-002 to
0-0025

Angle of
tip

Colour
coding

40 to 50°

Red

40 to 50°

Green

Points are ground to a high degree of precision. The
dimensions for microgroove and coarse groove records are
given in Table 6, and illustrated in Fig. ,16.
Stylus wear depends on the tracking pressure, the
compliance of the stylus, alignment of the tone arm, side
pressure on the pickup and tone arm, the presence of dust in
the grooves, motor vibration and irregular rotation of the
turntable. The tone arm should move freely about its
pivot with a minimum of tracking error: an average
playing weight for single-channel discs is 3 to 7 gm. Side
pressure and wear are increased by an off-level turntable or
excessive friction at the pivot. A worn point accelerates the
wear of records. Sapphires should be inspected regularly
for the incipient formation of flats, and renewed when a flat
exceeding half the tip radius has formed. It is a good plan
to return diamonds to the makers for examination and, if
necessary, resetting after about 1400 hours use, and then
at fairly regular intervals.
Tracing Distortion
This is a form of distortion inherent to the recording
process and arises from the different shapes of the cutting
and reproducing styli. The flat cutting surface of the
recording stylus is always at right angles to the direction of
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REPRODUCING STYLUS
RIDES HIGH AT THESE
POINTS, OFFERING A
SMALLER TIP SURFACE
TO THE GROOVE

PINCH
EFFECT

TRANSVERSE OSCILLATION
OF RECORDING STYLUS

Fig. 17. Pinch effect.

the unmodulated groove, and, as will be seen from Fig. 17,
when tracing a sine wave of modulation it will only be at
right angles to the groove at the peaks of the waveform.
The grooves are thus narrower at the slopes and receive the
full width of the cutting face only at the peaks. Unlike the
cutter, the reproducing stylus has a circular cross-section.
It can follow the wave shape correctly only at the peaks and
is displaced from the true path along the slopes. Hence the
shape of the curve traced out departs from the true waveform
and contains harmonics.
Tracing distortion becomes more pronounced at the
inner grooves, where the linear velocity decreases and the
slope of the waveform increases. It rises rapidly above
about 3,500 c/s, but, since it is mainly third harmonic, much
of the distortion at the higher frequencies is beyond the
audible limit.
A secondary effect, known as “ pinch effect ”, arises from
the fact that the reproducing stylus is forced to move
vertically up and down twice every cycle in tracing the
narrowed slopes of the waveform. The reproduced wave
form therefore contains even harmonics, whose amplitude
increases with frequency.
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RECORDS
Frictional wear of records is caused by the pressure
exerted by the stylus on the grooves, and is accelerated by
excessive mass, deposits of dust, the formation of flats on
the stylus, tracking error and careless handling. The
wavelength of the recorded waveform on the inner grooves
of an LP record is only about 0-0005 in. at 10 kc/s. It is
easy to appreciate that the smallest particles of dust and

GOOD CONTACT.
STYLUS RIDING
MIDWAY UP SIDE
OF GROOVE

WORN STYLUS
CAUSING EXCESSIVE
RECORD WEAR AND
SURFACE NOISE

Fig. 18.
scratches can be disastrous to high-fidelity reproduction. A
stylus that has developed a flat cannot respond to frequencies
for which the width of the flat is equal to or greater than the
half-wavelength of the recorded waveform.
Another possible cause of excessive wear and distortion
is the use of a stylus of incorrect size. The correct radius
for either a microgroove or a coarse groove is slightly
larger than the radius of the bottom of the groove. This
permits the tip to track midway up the sides of the groove,
as shown in Fig. 18, giving optimum high frequency
response with least surface noise and wear. If the tip is too
fine, it will track the bottom of the groove and tend to wander
from side to side, causing heavy wear and distortion ; if it
is too large, it will ride high and cannot effectively follow
the modulation pattern.
Static charge developed on the surface of vinyl records
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attracts atmospheric dust and fluff in the same way as a
piece of sealing wax when rubbed with a dry cloth. Cleaning
with a dry cloth may actually intensify the charge. Regular
cleaning with a lightly damped, fluffless cloth, one of the
special cleaning fluids or impregnated tissues marketed for
the purpose will dissipate the charge. Alternatively, dust
may be removed by fitting a “ Dust Bug
This is an in
expensive fitting consisting of a small nylon brush attached
to a separate arm, backed by an anti-static pad, which tracks
the record in advance of the pickup.
Record Storage
Records should be stored in a clean dry place at a moderate
temperature, preferably in the vertical position and in groups
of the same size. Storage in partitioned compartments 3 to
4 in. wide, designed to accept a limited number of records,
will prevent the records lying at an angle. Loose packing
without wrappers is liable to cause scratching and warping ;
tight packing makes withdrawal and replacement difficult.
If records are stored flat, they should lie on a perfectly
smooth and level surface with records of the same size
together. To avoid abrasion of the surfaces, they should
be kept in their original envelopes or laid between several
news sheets.
Care of Records
LP and stereo records must be handled with the greatest
care. Record life will be appreciably prolonged by observing
the following rules.
(1) Keep surfaces free from dust, grease and moisture, to
which dust can adhere. Return the records to their pro
tective covers and replace them in their proper storage place
after playing.
(2) Do not place records on a rough surface or handle
them by the grooved surfaces. Skin secretions encourage
the adhesion of dust deposits, which accelerate wear of both
record and stylus.
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(3) Do not use more stylus pressure than necessary to
maintain contact with the groove.
(4) Remove dust with a soft damp cloth before playing,
while the record is rotating, or fit a dust bug.

NOISE
Surface noise is generated by friction between the stylus
and minute irregularities in the grain of the record material.
Valve and circuit noise originate mainly in the first stage
of the playback amplifier and are reduced by fitting low noise
valves and anti-microphonic valve holders. Since the noise
spectrum extends over the whole of the audio frequency
range, it is more pronounced with wide range response.
Surface noise is greatest at the outer grooves of a record,
where surface speed is highest. The treble control in the
amplifier can be used to give a roll-off sufficient to subdue
much of the noise from old records.
Noise is specified and measured in decibels by reference
to the power output level. A noise level 60 dB below an
output level of 10 watts is usually considered the minimum
for high quality reproduction. At this level noise is com
pletely masked by the music and is audible only faintly in
a quiet room in the absence of modulation.
Ribbon and moving-coil pickups of low sensitivity are
sometimes affected by hum picked up on the leads or input
transformer from the motor or mains transformer. Methods
of reducing hum include rotating the mains transformer for
minimum inductive coupling with the pickup, twisting the
pickup leads together and keeping them as far as possible
from mains supply components, and enclosing the input
transformer in an earthed Mumetal case.
Needle Talk
Stylus vibration is sometimes converted directly into sound
by transmission to the tone arm and may be accentuated by
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mechanical resonances, It is most likely to occur with a
massive moving system and low stylus compliance.

I

Wow and Flutter
Certain types of rhythmic disturbance distinct from
random noise arise from irregularities of the driving system.
These are known as “ wow ” and “ flutter ”, and are
arbitrarily distinguished by the frequency of the disturbance.
Both “ wow ” and “ flutter ” are specified and measured as
a percentage of the nominal speed of the turntable or the
pitch of a note.
Variation per cent=100 (/,max. fmini)If3
A variation of 5 c/s either side of a 1,000 c/s note would
have a total wow content of:
100(1,005-995)
1,000

1 per cent or ±0*5 per cent

A wow of ±0*25 per cent is about the smallest that can be
detected by the average listener.
Wow.—This is a slow rhythmic variation or quivering of
pitch occurring at 1 to 10 c/s, often corresponding to the
turntable speed or multiples of that speed. Wow is caused
by irregular motion of the turntable, eccentric rotation of
the disc due to a non-central or worn hole, a bent shaft or
warping of the disc.
Flutter.—A periodic fluctuation that occurs at frequencies
of 20 to 100 c/s. It is usually caused by vibration of the
motor transmitted through the mounting or driving mech
anism to the pickup. The vibration may arise from a poorly
balanced rotor, a distorted motor shaft, or play in the
bearings.
Wow and flutter are effectively smoothed out in transcrip
tion and well-designed record players by the inertia of the
turntable and resilience of the driving idler.
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Tolerances for High-Fidelity Record Playback
The following is a representative specification for high
fidelity reproduction from discs :
Response :
Intermodulation
distortion :
Beat noie distortion :
Noise level:
Phase shift :
Resonances :

Level within 2 dB from 16 to
20,000 c/s.
Less than 2 per cent at maximum
output.
Less than 0-75 per cent at maximum
output.
60 dB below maximum intensity.
Less than 10° from 10 to 60,000 c/s.
Resonance free from 0 to 60,000 c/s.
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STEREOPHONIC DISC RECORDING
AND REPRODUCTION
Two channel systems of stereo recording are based on the
time difference or intensity difference of sound reaching two
spaced microphones. The time-intensity principle can be
readily demonstrated by a simple experiment. If two
microphones are spaced the same distance apart as the
human ears and are separated by a partition to simulate the
head—see Fig. 1—they will receive sounds originating from
SOUND
SOURCE
Z'
PARTITION

/
LEFT
MIC,

010

/
RIGHT
MIC.

Fig. 1.
Simple arrangement for
binaural recording, simulating the
human hearing system.

the extreme left and right at different intensities and after
different time intervals. When the sound is replayed through
headphones, the system will be found to have produced
marked stereo definition.
The conventional recording technique makes use of identi
cal microphones placed from 5 to 25 feet apart to left and
right, according to the distribution of the sound source,
H.F.P.B.—15
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Fig. 2. Elements of a time-intensity stereo system.

along a line parallel with the performers. Even with micro
phones placed a few inches apart and the speakers several
feet apart, marked stereophonic effects are produced at
frequencies above 1 kc/s, when there are appreciable phase
differences between the sounds reaching the microphones.
When the spacing is wide, an additional microphone is
often placed midway between the other two, and its output
is superimposed on the left and right channels in the record
ing process.
A modification of this technique which is sometimes
employed is based on the average listening angle under
LEFT
RIGHT
SPEAKER SPEAKER
EXTENDED SOURCE

] t

[:;::31
\

\

/

\\

LISTENER, POSITION A

V

LISTENER, POSITION B

IMAGINARY
LISTENING POINT

Fig. 3. Listening-angle method of placing stereo speakers.

220

normal domestic conditions. The twin microphones are
spaced on the sides of an angle subtended by a listener in an
advantageous position and the extremes of a distributed
sound source, as shown in Fig. 3. To obtain the closest
approximation to the sound as it would be heard at the live
performance, it is intended that the listener should occupy a
position which forms the same angle with the loudspeakers
used for reproduction.
The Stereosonic System
A disadvantage of the left-to-right system is the nonuniform response or hole-in-the-centre effect of the two

LEFT CHANNEL

RIGHT CHANNEL

l
COSINE
MICROPHONE —
LEFT CHANNEL

u

vo \

\
;
<

COSINE
—MICROPHONE
RIGHT CHANNEL

Fig. 4. Microphone polar response of the stereosonic recording system.

!

microphones, particularly if they are placed too far apart.
The impression produced on listening to a full orchestral
reproduction is as if one half of the performers were separated
from the other. With stereosonic recording the overall
response is constant for all directions. This is accomplished
by employing two velocity microphones placed very close
together, one above the other, and oriented at 45° to the
distributed sound source and at 90° to each other, as shown
in Fig. 4. These microphones have a figure-of-eight polar
diagram and rely chiefly for the stereophonic effect on the
intensity differences in the sound picked up by each. One
is most sensitive to sound from the left and the other to
sound from the right. For a given sound intensity at a
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constant distance the sum of the effective output voltages
remains constant for all directions.
The systems briefly described here are those in common
use. Other techniques have been developed.
Stereophonic Recording
A number of methods of imposing two channel stereo
phonic sound on discs has been successfully developed.
Of these, the system which has come to be known as the
45/45 was accepted as standard by the R.I.A.A. in 1957
and adopted by representatives of leading European manu
facturers in the same year. The recording characteristics
specified in the earlier British Standard Specification,
B.S. 1928 : 1955 are otherwise generally applicable.
The 45/45 System
In this system of imposing the complex stereo signal on the
record, it is convenient to think of the signals from the
left-hand loudspeaker being recorded on the left side wall
of the V groove (facing the edge of the disc) whilst the sound
of the right-hand channel is recorded on the right side wall.
Both sets of signals are thus recorded at 45° to the surface of
the disc and at 90° to each other, as shown schematically in
Fig. 5 (a) and 8 (b). Monaural pickups have to respond only
to lateral vibrations, whereas the stereophonic pickup must
be capable of moving both up-and-down and to-and-fro
at all frequencies. The pickup may be designed around
crystal, ceramic, moving-iron, moving-magnet or moving-coil
RIGHT CHANNEL

RIGHT CHANNEL

LEFT
CHANNEL
+ FM CARRIER

(c)

Fig. 5. Systems of stereophonic disc recording : (a) 45/45, (b) V/L,
(c) M.S.D. system.
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BENDING
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STYLUS

w

(6)

Fig. 6. Schematic arrangement of the two types of stereo
pickup, (a) Crystal, (b) electromagnetic.

transducers, and the relative performances are much the same
for single or two channel operation. The twin elements are
coupled mechanically at 90° to a common stylus in such a
manner as to separate the 45° components of both channels
with a minimum of interaction between the two channels.
Two constructions are shown in simplified form in Fig. 6 («)
and (b). It is possible to reduce interaction between the
two channels (cross-talk) to better than 20 dB (10:1) at
mid-frequencies, but it increases appreciably at high and
low frequencies. This implies that if the volume control
of one channel is set to zero, any cross-talk from this channel
is barely audible in the output from the other.
A finer stylus is required than for conventional LP record
ings. The recommended tip radius is about 0‘0005 in. (0-5
mil or 12*5/x). A 45/45 disc may be seriously damaged if
played with a standard lateral pickup and stylus. Turnover
cartridges, equipped to take either a 1-mil stylus for playing
standard records or a J-mil stylus for stereophonic repro
duction, are available. Because of the smaller styli used for
stereo operation, the tracing force or pressure in the groove
must be kept to a very low minimum to avoid undue record
and stylus wear. Stereo pickups are therefore made much
lighter than monaural types. Sapphire styli are false
economy. The greatly extended life of the diamond is well
worth the extra initial cost.
An appreciation of the mechanical forces involved can be
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Fig. 8.

RIGHT CHANNEL
ONLY

ft)

STEREOPHONIC
RECORDING

Movements of stylus in monophonic and stereophonic
recording.

gained by constructing the parallelogram of forces acting on
the stylus (Fig. 7). Each element of the recording head,
when excited alone, exerts a 45° upward and downward
pressure and causes a corresponding vibration of the stylus—
Fig. 7 (a) and (6). When both elements are excited equally
and in phase, the combined 45° movements produce a
resultant horizontal to-and-fro vibration (Fig. 7 (c)). On
the other hand, when the two signals are in anti-phase, the
resultant is a vertical up and down motion (Fig. 7 (d)).
Under operating conditions both elements are invariably
excited together, so that the stylus follows some intermediate
path determined at any instant by the relative amplitudes and
phase of the signals. During reproduction corresponding
movements of the pickup stylus are resolved once more into
separate signals, which are a close replica of the originals.
Stereo pickups have either three terminals, to permit a
common earth lead to be used between the elements and the
amplifiers, as in Fig. 9 («), or four terminals for separate
earth leads, as in Fig. 9 (6). The use of separate earth leads
is sometimes advantageous in reducing hum level but if the
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Fig. 9. Stereophonic pickup
connections, (a) Three-terminal
pickup ; (b) four-terminal pick
up >' (c) adaption for mono
phonic playing.

connections are wrongly made, the phasing of the channels
will be incorrect and it will be necessary to reverse the ex
ternal connections. Fig. 9 (6) indicates the correct sense of
the connections.
Monophonic Compatibility
Although stereo pickups are compatible with existing
lateral recordings, it should be remembered that they are
designed to have high vertical and lateral compliance, whereas
their monophonic counterparts have high lateral compliance
but very little vertical compliance. Rumble, caused by
vertical irregularities of turntable motion, is more pronounced
and, unless the outputs from both elements are combined in
the correct sense, will be greatly accentuated. Fig. 9 (c)
shows the correct way of connecting a stereo cartridge for
monophonic reproduction.
A monophonic pickup, on the other hand, is generally
unsuitable for playing stereo records. Although the stylus
moves freely in a lateral direction, it does not react readily
to the vertical component of the stereo impression in the
groove. This causes it to cut heavily into the groove : in
a s^ort time the vertical component is obliterated and the
stereo characteristic is destroyed.
The Vertical-Lateral System
The Vertical-Lateral (V/L) system, also known as Teledec,
1S a s*ngle-groove system having several features in common
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Fig. 10. Block diagram of the M.S.D. stereophonic system.
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with the 45/45 system. The groove is modulated vertically
by the left channel and laterally in response to the right
channel, as in Fig. 5 (b). Two drawbacks, which have
doubtless accounted largely for the preference for the 45/45
system, are that the system is not compatible with monaural
recordings, and since it responds to vertical modulation, it
is more sensitive to vertical rumble than the 45/45 system.
Because of the greater groove space occupied by both V/L
and 45/45 recording, playing time is somewhat shorter than
with the standard LP disc, but it can be brought up to near
that of the standard disc by the use in recording of automatic
(variable) groove spacing control.
The M.S.D. System
The M.S.D. (Minter Stereo Disc) system is based on the
multiplex method of stereophonic broadcasting, and was
developed and demonstrated in the U.S.A. shortly after the
acceptance of the 45/45 system. This is a single groove
entirely lateral system which is fully compatible with LP
records and can also be played back with a wide-range
conventional pickup. The basic features are shown in block
schematic form in Fig. 10.
Multiplexing is achieved by recording laterally the vector
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sum (A-f-B) of the two channels simultaneously with a
25 kc/s carrier modulated by the vector difference (A—B)
obtained by inversion (Fig. 5 (c)). A monophonic type pick
up having a response flat to 30 kc/s delivers the vector sum
(A+B) via a low pass filter, which eliminates the carrier.
A high pass filter feeds the modulated carrier to an f.m.
detector, which extracts the (A—B) component. In order
to retrieve Channel A, the (A-{-B) and (A—B) outputs are
fed to an additive mixer, giving a resultant output to the
left-hand speaker system.
(A-f-B)+(A-B)=2A
Channel B is obtained in a similar manner by feeding the
(A-f-B) output together with the inverted output (B—A) to
a second mixer, which yields
(A+B)+(B—A)=2B
Since the recording is wholly lateral, rumble produced
by vertical irregularities of the turntable is no worse than
for standard LP records and playing time is about the same.
The Twin-Groove System
Although it has not been able to compete successfully with
other systems, mention may be made of the twin-groove
system. On this type of record two grooves spaced
in.
apart were allotted to the left and right channels. For play
back two standard LP pickups were used on a double tone
arm designed to give the required spaced tracking. The
main disadvantage of the system is the reduction of playing
time to half that of a standard LP record. In spite of its
apparent simplicity and its compatibility with monaural
recordings, the system is attended by a number of practical
difficulties. In the first place, there is no reliable way of
ensuring that the twin pickups are always started the correct
number of grooves apart; and secondly, since accurate
spacing of the grooves cannot be sufficiently accurately
maintained in the pressings, one or other of the pickups is
liable to cut into an adjacent groove.
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MAGNETIC TAPE RECORDING
Magnetic recording dates back to the year 1898, when
Valdemar Poulsen first patented a method of recording sound
on steel wire or strip. Improvements in technique, notably
by Stille in the early 1930s, and the development of efficient
amplifiers led to the production, in Germany, of the Blattnerphone and, in England, of the “ Marconi-Stille ” recorder.
The Marconi-Stille apparatus, which operated with steel
tape at a speed of about 60 in./sec., was in use by the B.B.C.
for many years for recording and replaying outside events.
The later introduction of oxide-coated tapes on a plastic or
paper base, and the use of h.f. bias for recording as a means
of improving the linearity of transfer, paved the way to lower
tape speeds with an extended frequency range, and resulted
in a system of recording and reproduction comparable with
discs and film.
Magnetic Induction
To appreciate the principles of magnetic recording, it is
well to review the behaviour of magnetic materials when
subjected to cyclic changes of magnetic field.
A typical alternating cycle of magnetisation is shown
graphically in Fig. 1. The magnetic flux B in the material
is plotted against the magnetising force H. When the
magnetising force is increased from zero, the flux increases,
as shown by the rising curve OAC. As the force is decreased,
passes the zero value and reverses, the flux decreases more
slowly and reaches zero at a later point in the cycle than the
zero value of H, as shown by the descending curve CDE.
This lag of magnetisation is termed hysteresis. The flux OD
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remaining when H reaches zero is the remanence or residual
magnetism. The reverse force OE needed to complete the
demagnetisation is the coercive force.
The properties of special interest in magnetic recording
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Fig. 1. Typical cycle of magnetisation.
are the remanence and coercive force. The remanence
determines the sensitivity of a recording tape after magnetisa
tion : its coercivity is a measure of the permanence of the
recorded pattern. The majority of modern tapes have a
plastic base coated or impregnated with an iron oxide in a
finely divided state, which possesses high coercivity and
sensitivity.
Basic Principles of Magnetic Recording
The principal components that make up a modern tape
recording system are : {a) a recording head ; (b) a playback
head (or combined record/playback head); (c) an erase
head; (d) magnetic tape ; (e) tape feed and take-up spools ;
(/) a tape transport system; (g) a recording amplifier; (h)
a playback amplifier (or combined record/playback ampli
fier) ; (j) a bias/erase oscillator; (k) a switching system for
record/playback/rewind.
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Fig. 2. Schematic diagram of tape-recording system.

Fig. 2 shows the scheme of a typical recording system
employing separate amplifiers for recording and playback.
An input selector switch enables recordings to be made
from a microphone or the output from the detector stage of
a radio receiver and in some equipment a disc pickup. The
a.f. signals obtained from the source, after suitable ampli
fication, are fed to the coils of an electromagnet built into the
recording head. The current in the coils sets up an alter
nating flux in the electromagnet, and the tape, when drawn
across the pole pieces at constant speed, becomes per
manently magnetised. To play back the recording the
magnetised tape is drawn across the pole pieces of the
playback head at the same speed, and produces corresponding
variations of flux and current in the coils. The signals thus
obtained are amplified to the required level to energise a
loudspeaker, which converts them into a replica of the
original sound.
The Tape Transport System
The main objective in the design of a tape transport
system is to move the tape across the heads at constant speed
and under uniform tension from the feed spool and rewind
it on the take-up spool. Usually, both spools rotate in a
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counter-clockwise direction, as shown in Fig. 3, with the
active tape surface, which can be recognised by its relatively
dull surface, innermost on the spools. The most effective
device for transporting the tape at correct and constant
speed without slipping is the capstan drive. This consists of
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Fig. 3. Capstan-driven transport system.
a rim-driven capstan and a pressure roller made of non
magnetic materials to avoid any possibility of magnetic
induction into the heads. Either the capstan or the roller
is fitted with a Neoprene tyre, which grips the tape firmly
and forces it forward. The capstan may be driven directly
or indirectly through an idler wheel, and is invariably
coupled to a flywheel to smooth out speed fluctuations. A
direct drive is suitable only for single speeds and controls
the size of the capstan. An indirect drive has many
advantages. The motor can be mounted farther away
from the heads to minimise magnetic induction, and a
stepped motor pulley or intermediate wheel can be used to
provide two or more tape speeds.
The tape is kept under uniform tension as the tape
diameter on the spools increases or decreases with winding
and unwinding by exerting a drag on the tape. On the
cheaper models this is achieved by fitting a friction clutch or
brake. A better method, when separate spool motors are
used, is to run the motor driving the feed spool at reduced
voltage and torque in the reverse direction. This will exert
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a light tension on the tape in opposition to the pull of the
capstan, while the motor driving the take-up spool tends to
run at a higher speed and maintains the tape under tension
between the capstan and take-up spool.
To ensure correct speed, accurate dimensioning of the
driving wheels is most important. The capstan must run
smoothly and be capable of exerting a pull well in excess of
that needed to overcome tape drag. Spindles must run
true and be free from play in their bearings. On high class
machines ball races are fitted.
Motor Drives
A single motor is often used to drive the supply and takeup spools and the capstan. Belt drives are used for all three
functions, and a belt shift device provides the different
velocity ratios for normal operation, fast forward and reverse
speeds. When two or three tape speeds are required, a
stepped drive is employed.
Professional and semi-professional machines may be
equipped with two or three motors. To ensure freedom
from cyclic speed disturbances professional machines use a
synchronous or shaded pole induction motor of robust and
well-balanced construction to drive the capstan. This
motor has a high starting torque to bring the capstan and
tape rapidly to the normal running speed, and a large
diameter capstan flywheel helps to maintain the speed
constant within 0-15 per cent. Separate motors drive the
feed and take-up spools. It is common practice to connect
both spool motors in series across the mains supply with a
shunt resistance across the motor driving the feed spool,
which applies a light reverse torque to maintain the tape in
tension at take-off.
Rewinding and Braking
Tape is rewound from the take-up spool for replaying at
a much higher speed than is necessary for recording and
playback. Facilities for fast forward and reverse rewinding
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and instantaneous stopping are included to permit the
operator to select a particular section of the recording.
Where separate motors are fitted, the switching system is
designed to apply the full supply voltage to the feed spool
motor and disconnect the take-up motor from the supply in
the “ rewind ” position. Similarly, for fast forward winding,
full voltage is applied to the take-up motor, and the feed
motor is allowed to run free. As a safeguard against breaking
the tape, the switches are interlocked to ensure that the tape
is stopped before it is possible to reverse the direction of fast
winding. Effective braking action is essential to prevent
excessive slackening of tape on the spool being unwound
and to avoid overstressing it on the spool taking up. The
moment the motors are switched off, the brakes must bring
the spools to an almost instantaneous standstill. Both
mechanical and electromagnetic braking systems are in use.
Tape
Tape has almost entirely superseded wire as a recording
medium, except for a few special applications where lightness
and portability are the primary considerations. Wire twists
during playback and causes loss of output. Splicing and
editing with wire is a much more difficult operation than
with tape, and if it breaks it loosens and kinks on the spools.
The intimate contact between turns gives rise to cross
printing and produces more background noise than in the
case of backed tape.
The most important mechanical qualities of a tape are
pliability, high tensile strength, uniform thickness, a smooth
surface and immunity to changes of temperature and
humidity. Electrically, the coating should have high
coercivity and remanence. Most modern tapes have a base
of cellulose acetate, which has a very smooth and homo
geneous surface with no perceptible grain like paper, and
therefore produces less background noise. The magnetic
coating is composed of iron oxide powder in a finely divided
state, combined with a binder and fixed to the base with a
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film of adhesive. To reduce wear from friction and improve
contact with the heads, the surface is polished after
processing.
General purpose recorders normally provide for twin or
four track recording on J-in. tape with a small separation
between tracks, thereby doubling or quadrupling the
playing time. Fig. 4 shows the dimensions for standard
twin track and four track tape. General data for standard
tape is given in Table 1.
Thinner tapes with improved base material and higher
tensile strength, which permit greater lengths to be accom
modated on a spool of given size and playing time to be
extended, are available. Under constant speed conditions
long play polyester tapes give fifty per cent longer playing
time and specially tensilised tapes double the playing time.
Table 1.—Data

for

J-in-

Width
Overall thickness
Base thickness .
Coating thickness
Coercivity .
Remanence
Lengths

0 002 in. approx.
0 0015 in. approx.
0 0005 in. approx.
250 to 270 oersteds.
500 to 700 gauss.
200 ft. (3-in. spool).
600 ft. (5-in. spool).
1,200 ft. (7-in. spool).
1,800 ft. (7-in. spool, long-playing tape).
2,400 ft. (7-in. spool, double-play tape).
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Fig. 4. Standard dimensions of twin-and four-track tape.
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The figures listed in Table 2 for the range of Scotch brand
tapes are for single track recordings: these times are
doubled for dual track and quadrupled for four track
recordings.
Table 2.—Playing Times of Acetate and Polyester
Tapes
Tape speed, in. Isec.
Spool
size,
in.

Length,

ft.

H

3*

7*

15

Playing time, mins.

General
purpose
tape

Extra
play
tape

Double
play
tape

200
600
850
1200
2400

21
64
90
128
256

10
32
45
64
128

5
16
22
32
64

2*
8
11
16
32

7
8*

5f

300
900
1275
1800
2400

32
96
136
192
256

16
48
68
96
128

8
24
34
48
64

4
12
17
24
32

3*
5
7

400
1200
2400

42
128
256

20
64
128

10
32
64

5
16
32

3}
5

Si

7
10*
3*
5

The playing time (mins.) for a tape length l (ft) at any
given speed s (in/sec) can be estimated from the formula.
t=l/5s
One of the factors that determines the sensitivity and the
signal-to-noise ratio in the reproduction is the width of
magnetic surface recorded. The restricted track width of
two-track recording reduces the playback voltage to half and
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of four-track recording, to one quarter, corresponding to a
reduction of 6 dB and 12 dB respectively, and therefore
reduces the signal-to-noise ratio, but does not affect the
frequency response. Dual- and four-track recordings are
also, for obvious reasons, more difficult to edit.
Professional recorders are designed to accommodate large
diameter spools, closely aligned to avoid wobble, and have
full-track heads to give twice the sensitivity of twin track
with little increase in background noise.
Tape Speed
Much attention has been given by designers to achieving
accurate and uniform speed. In the less expensive machines
playback speed may vary by 1 per cent or more from the
recorded speed. In professional models it may be expected
to be accurate to within 0-2 per cent or better, and momentary
fluctuations characterised by “ wow ” and “ flutter ” are
virtually eliminated.
The high frequency response improves with tape speed
and reduction of gap width of the playback head. The larger
the gap, the higher is the speed necessary to reproduce
satisfactorily up to a given frequency. Unfortunately, the
quantity of tape used, the recording cost and the wear on the
heads also increases with the speed. Tape speed and
gap width has no effect on the low frequency response.
Theoretically, the highest frequency attainable is approached
when the effective gap width of the playback head is equal
to half the wavelength, that is when

f=sJ2d
where / is the highest frequency for maximum response
(c/s), s the tape speed (in./sec.) and d the gap width (in.).
Above this frequency the response falls off gradually until,
at the frequency for which the wavelength is equal to the
gap width, the response is zero.
Standard tape speeds of 30, 15, 7f, 3| and If in./sec.
a compromise between the practical limitation for goo ig
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frequency response and tape economy. Improved designs
of playback head have made it possible to obtain a wider
frequency response at lower tape speeds. A speed of at least
15 in./sec. is desirable to obtain reproduction of true highfidelity standard, but 1\ in./sec. gives a very satisfactory
performance on music and speech for ordinary home use,
and most pre-recordings are made at this speed. A speed of
3f in./sec. and sometimes If in./sec. are chiefly employed
for recording speech and dictation. The frequency range
obtainable at different speeds from professional and domestic
recorders are given in Table 3. These are average figures
taken from a number of manufacturers’ specifications.
Table 3.—Average Frequency Ranges of Tape
Recorders at Different Tape Speeds
Frequency response
Tape
speed,
in./sec.

15
7J
3i
li

Professional

Semi-professional

±4 dB

±2 dB

±3 dB

±2dB

15-20,000*
40-15,000
40- 9,000

20-16,000*
50-10,000
50- 7,000

50-16,000
50-12,000
50- 8,000

50-16,000
50-12,000
50- 7,000

General purpose
±3 dB

±2 dB

50-12,000
60- 8,000
60- 7,000

60-10,000
100- 7,000
100- 5,000

* Full track recording.

Magnetic Transfer
Ideally, the magnetisation of a tape and the magnetising
force should have a linear relationship. In practice, because
of the non-linearity of the hysteresis loop, this condition is
difficult to realise. If the magnetic induction is plotted
against magnetising force for a sine wave of current, as in
Fig. 5, it is found that the wave shape of the residual
magnetism departs appreciably from that of the magnetising
force. Analysis of the waveform shows that, in addition to
the fundamental, it contains an excess of harmonics, which
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introduce intermodulation distortion when the tape is played
back.
Linearity is improved and distortion reduced by applying
a d.c. bias to set the working point at the centre of the linear
portion of the curve, as is done with thermionic valves. But
a better way, which gives higher output and improved quality,
particularly at high amplitudes, is to apply a high frequency
bias obtained from a bias oscillator. This method is now
in general use. Up to a certain value of bias current dis
tortion decreases, but beyond this value it begins to increase.
Too high a value reduces the residual magnetism and con
sequently the output when the tape is played back. The
optimum working value depends on the magnetic properties
of the tape and the design of the magnetic circuit, and is
always much greater than the signal current.
The bias frequency must be well above the highest audio
frequency to be recorded if the bias current is not to distort
the signal. The worst condition would occur when the two
frequencies were exactly equal; that is, when the periodic
time of the bias frequency was equal to the transit time of
the tape in its passage across the gap. If d is the gap width
and s the tape speed, then the transit time is equal to d/s.
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Assuming a gap width of 0-001 in. and a tape speed of
15 in./sec., the frequencies will be equal when
f=ljt=sjd
15
=15,000 c/s
“0-001
The actual bias frequency is, therefore, chosen within the
supersonic range above 30 kc/s.
Recording and Reproducing Characteristics
Fig. 6 shows typical uncorrected response curves for
plastic-based tape at various speeds. It will be seen that
the response falls at the upper and lower extremes of the
frequency range. Neglecting head losses, the magnetisation

FREQUENCY

Fig. 6.

Typical uncorrected frequency response curves for tape at
various speeds.

of the tape for a given signal current is independent of
frequency, but the number of reversals per second and the
rate of change of flux are directly proportional to frequency.
The amplitude of an uncompensated magnetic recording is,
therefore, roughly doubled when the frequency is doubled
(raised through one octave), because twice as many cycles
of magnetisation pass the recording head at twice the
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Fig.7. Recorded wavelength and gap width.

frequency ; that is, it increases by about 6 dB per octave.
This rise continues up to a point beyond which gap effect
causes the response to fall.
The reason for this is as follows. In the longitudinal
method of recording, the wavelength of the recorded signal
corresponding to any frequency / at a tape speed s is equal
to sjf. Using a tape speed of 1\ in./sec., the wavelength of
a 10 kc/s signal would be 0-0075 in. At 20 kc/s the wave
length would be reduced to half this. As frequency increases
and the half wavelength becomes equal to the gap width
the magnetic potential difference reaches its maximum (Fig.
7 (a)). Above this frequency alternate half cycles begin to
cancel out in the tape and the response diminishes until,
when the wavelength is equal to the gap width (Fig. 7 (h)),
complete self-erasure occurs and the response falls to zero.
With discs the reproducing characteristic is the inverse of
the recording characteristic. In magnetic recording the
upper frequencies beyond the limit at which the response
begins to fall are pre-emphasised as much as possible during
recording to reduce background noise, which is mostly con
veyed by the higher frequencies and would be augmented
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by amplification on playback. Little correction is needed
to compensate for high frequency attenuation during re
production. Frequencies below about 1 kc/s, on the other
hand, are lightly boosted during recording and accentuated
on playback. Typical record and playback characteristics
are shown in Fig. 8.
Recording Heads
The longitudinal method of tape recording has emerged as
the most successful for permanency of recording, good high
frequency response and low background noise, and is
universally used on modern machines. In this method the
lines of magnetic force are applied in the same direction as
the movement of the tape. A recorded sine wave of current
is translated into a series of elementary bar magnets, the
distance between two similar poles constituting a wavelength
of the recorded pattern.
The ring shape head shown in Fig. 9 has been widely
adopted for recording, erasing and playback, and has many
advantages over other designs. For high-fidelity perform
ance the best machines have separate erase, record and replay
heads, as the design factors differ f°r each function.
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Fig. 9. Ring-shaped head.

A recording head should produce a well-defined magnetic
field which decays rapidly outside the gap. It should be
mechanically and electrically symmetrical and effectively
screened to reduce pickup of hum. The ring type head
complies best with these requirements. This type is made
in two halves, clamped together and separated by two air
gaps. Each half is built up of thin semicircular laminations
of Mumetal or a similar high permeability alloy, and each
carries a coil. The coils are connected astatically, so that
any stray flux produced by external fields originating in the
motors or the mains supply transformer induces equal and
opposite voltages in both coils, which cancel out in the
circuit.
A non-magnetic strip of hard copper alloy is inserted in
the recording gap. Eddy currents set up in the strip have
the effect of deflecting the field outwards from the pole
pieces, so that it permeates the tape more effectively. This
device also prevents the deposition of magnetic particles and
dust in the gap. The rear gap, like the recording gap, is
closed by a non-magnetic strip, and serves the purpose of
improving the linearity between the current and flux. In
order to minimise leakage of the bias and signal fluxes and
hum pickup, the whole head, except the gap, is completely
enclosed by a Mumetal screen.
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Playback Heads
As the magnetised tape is transported across the playback
head, lines of magnetic force originating in the section of
tape bridging the gap take the path of least reluctance through
the high permeability pole pieces and round the magnetic
circuit, inducing a current in the coils. Since the signal
currents are of a much smaller order than those required
for recording, dimensional tolerances are much more
stringent. If the gap width were to greatly exceed half the
recorded wavelength at the higher frequencies, flux cancel
lation would occur. To obtain adequate high frequency
response the gap is usually made less than half the width of
that in a recording head. The best recorders have a gap
less than 0-0002 in. wide, which is about the practical limit.
The effective width, however, is always greater than the
actual dimension, because of magnetic spread at the edges.
Poor contact between tape and head can also be a source of
appreciable high frequency loss. To ensure good contact
the tape must be kept under constant pressure against the
head by correct tensioning. Better contact and improved
high frequency response with less tape wear are obtained
with a well-polished head surface.
As in the recording head, a back gap some ten times wider
than the replay gap is introduced to improve the electrical
symmetry and reduce hum pickup. Additional protection
against external fields is provided by enclosing the head in
a high-permeability Mumetal or Permalloy screen.
Erase Heads
H.F. demagnetisation is used exclusively for erasing in
modern high-fidelity recorders. This is an adaptation of the
well-known method of demagnetising a piece of iron by
alternately reversing the polarity of a magnetising field and
gradually reducing the magnetising force to zero. As applied
to recording, the tape is subjected to an alternating magnetic
field, which saturates the medium first in one direction and
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then in the other as it moves across the gap of the erasing
head. In its passage away from the gap the successive
reversals become weaker and weaker until the tape becomes
magnetically neutral.
For a given tape speed the erase frequency should be high
enough or the gap wide enough to allow a nu mber of magnetic
reversals to take place within the transit time across the gap.
A frequency between 30 and 100 kc/s with from 40 to 100
ampere-turns is usual, the necessary high frequency current
being obtained from the bias oscillator. To ensure complete
erasure, the waveform must be symmetrical, since any assymmetry is equivalent to a superimposed d.c. component,
which would leave the tape partially magnetised.
As the tape space occupied by one wavelength is equal to
the tape speed divided by the frequency, the number of
magnetic reversals taking place in transit across the gap is :
n=d\\=df\s
where d is the effective gap width (in.), A the wavelength
(in.), / the erase frequency (c/s) and s the tape speed (in./
sec.). The effective gap width may be some 70 per cent
greater than the nominal width, due to magnetic fringing,
so that a nominal gap of 0-015 in. might have an effective
width of 0-026 in. If the erase frequency is 50 kc/s and the
tape speed 15 in./sec., the number of magnetic reversals
taking place within the gap will be :
n=

0-026 X 50 Xl03
=86
15

Laminated ring type heads, similar to those used for
recording and replay, are used for erasing, but, because of
the high reluctance of the wider gap, no back gap is necessary.
For effective erasure a relatively heavy current is needed,
and this is sometimes obtained by tuning the coils to the
iate value of
oscillator frequency by inserting the appropriate
series capacitance. To prevent leakage of the erasing ux,
the head is enclosed by a copper eddy-current screen.
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Combined Heads
For economy a combined record/playback head having a
single gap for both functions is often used. The bias and
signal currents for recording may either be superimposed in
a common winding, which also serves for playback, or the
bias current may be applied to a separate winding. Provision
must be made against the head becoming permanently
magnetised by the surge that follows sudden interruption
of the bias current when switching from record to replay.
One method of safeguarding against this is to provide a
leakage path for the h.t. supply to the bias oscillator, which
allows the h.f. bias to die away gradually.
Combined erase/record heads are also popular. Separate
windings are provided for the h.f. erasing current and the
recording signals. These heads have two gaps : a relatively
wide one which carries the h.f. flux for erasing and a
narrower one for recording, which depends for bias on the
leakage flux from the erasing gap.
Bias/Erase Oscillators
Bias and erase currents are usually derived from a common
oscillator at a frequency between 40 and 100 kc/s. Conven
tional oscillator circuits, such as the adaptation of the
Hartley circuit shown in Fig. 10, are commonly used.
LI-Cl constitutes the oscillatory circuit, which is coupled
back to the grid through C2. The potential divider R2
controls the amplitude of the grid excitation, and is adjusted
to avoid over-driving and ensure a pure sine wave output.
Since the erase head requires a much higher voltage than
the record head, the record head is fed through a variable
series resistor R3, which also permits the bias voltage to be
adjusted to the optimum value. Alternately, the heads may
be fed through separate coupling coils. C4 is a large
capacitance which provides a leakage path to allow the h.t.
voltage, and with it the h.f. oscillations, to decay slowly
when switching off, thus avoiding the possibility of the
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recording head becoming permanently magnetised by the
switching surge.
Improved performance can be obtained from a push-pull
oscillator circuit such as that shown in Fig. 11.
Level Indicators
Without some form of indicator, it would be impossible
to know whether the sound power level at the recording head
were too high or too low until the recording was played back.
Over-recording or excess recording current causes the
magnetic induction to exceed the saturation limit of the tape
and drives the valves into the non-linear part of their
characteristics, producing distortion on playback. Printing
through adjacent turns of tape is also more likely to occur,
and subsequent erasure is more difficult. Although slight
under-recording does not effect the signal quality, it reduces
the signal-to-noise ratio, and the extra amplification necessary
to restore the level on playback further increases the noise
level.
The correct level is pre-determined either by ear or,
more exactly, by checking the recorded waveform on an
oscilloscope. Judged aurally, the optimum condition is the
highest level at which the reproduction remains undistorted.
When using the oscilloscope, a pure low frequency tone,
generated by an a.f. oscillator, is recorded successively at
increasing levels. With the output of the playback amplifier
connected to the oscilloscope, the recording is played back
and the waveform is examined on the screen. The correct
level is that which produces a pure waveform of maximum
amplitude with the least background noise. The reading or
indication on the level indicator is then marked or noted for
future guidance.
Professional machines often include a metering circuit,
connected to the amplifier output when recording and
disconnected during playback. Fig. 12 (a) shows a repre
sentative circuit. The meter is a moving coil instrument,
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Typical level indicator circuits : (a) meter indicator;
(b) “ magic-eye ” indicator.

calibrated in decibels to a zero reference mark at about
three-quarters of the full-scale reading. Signal voltages are
rectified by the diode section of the diode-triode and
applied to the grid of the triode section via the load coupling
elements R1 and Cl. The input potentiometer R2 permits
the reference point on the meter to be pre-set to the optimum
recording level. Capacitor C2 provides a path of low
reactance to the bias frequency, which would otherwise
invalidate the reading.
The “ magic eye ” visual indicator is the most widely
used for semi-professional and general purpose recording,
combining a triode and a miniature cathode-ray indicator in
a single bulb (Fig. 12 (b)). The variable input resistor R1
is used to pre-set the input of the indicator to the correct
recording level. In order to obtain an indication of sufficient
duration on transients, the time constant of the capacitanceresistance combination C2-R2 is made sufficiently large to
allow the voltage applied to the grid to rise rapidly and
decay slowly. The crystal diode XI, with its high backresistance, is also incorporated for this purpose.
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Position Indicators
In order that the user may be able to pre-select particular
sections of a recording and stop the tape at a desired point
during fast rewinding, some form of indicator is fitted as
standard practice. The device may take the form of a
simple scale engraved on the spools or on a disc fitted
underneath the spools, or for more precise reference, a
digital revolution counter or a meter. The scale may be
engraved in arbitrary numbers, playing time in minutes or
revolutions.
Recording and Playback Amplifiers
The elements of a combined tape recording and playback
amplifier system are represented by the block diagram,
Fig. 13. Amplification requirements may be fulfilled in
three different ways : {a) Separate record and playback
RECORDING LEVEL
INDICATOR

BIAS AND ERASE
OSCILLATOR

->

RADIO INPUTMIC INPUT
PLAYBACK
HEAD

Fig. 13.

INPUT
STAGE

^AMPLIFIER & i
EQUALISER

POWER OUTPUT
STAGE

ERASE
' HEAD
RECORDING
HEAD
L.S.

Block schematic diagram of a tape recorder recording and
playback amplifier system.

amplifiers. (b) A combined record/playback amplifier.
(c) An existing pre-amplifier and main amplifier supple
mented by a tape pre-amplifier.
The use of separate amplifiers is confined to a few of the
more expensive equipments.
One advantage of this
arrangement is that signals can be monitored continuously on
the playback amplifier during the recording process.
Recording and playback amplification have much in
common. The combination of both functions in a single
amplifier is economical and convenient, and such a system
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is capable of a standard of performance equal to that of
separate amplifiers. Since the playback head is a relatively
insensitive device, higher gain is needed for playback than
for recording or reproduction from radio or a pickup. In
some amplifiers the first stage is by-passed when recording
or reproducing from other sources, either by means of a
selector switch or by contacts on the input jacks provided
for each source. In others attenuators are inserted in the
separate inputs to compensate for the different input levels.
Special features associated with a tape amplifying system
include an h.f. oscillator for the supply of bias current to
improve the linearity of the recorded signal and erase
current to ensure that the tape is completely demagnetised
before it passes the recording head ; a recording level
indicator to give visual indication of the level of a.f. signal
current fed to the recording head ; equalising circuits to
compensate for deficiencies in the recording characteristic
and provide an overall level playback characteristic.
Tape Pre-amplifiers
The minimum equipment of a tape pre-amplifier
combining recording and playback facilities and suitable
for feeding a high quality amplifier comprises : (1) A high
gain pre-amplifier stage. (2) An equaliser stage. (3) An
anode loaded or cathode follower output stage. (4) A bias/
erase oscillator. (5) A recording level indicator.
Equalising circuits consist of R-C filters, damped resonant
circuits or combinations of both, and they may be embodied
either in an interstage coupling or in a feedback loop. A
cathode-follower stage is generally preferred where a long
length of interconnecting cable is used between the pre
amplifier and main amplifier.
Fig. 14 shows the circuit diagram of a tape pre-amplifier,
designed byMullard Ltd., intended for high-fidelity perform
ance when used with equipment of a comparable standard.
During playback the first two stages only are in circuit,
the output being taken from the anode of V2. A tone
H.F.P.B.—17
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VI
V2
V3
V4
V5
D1
Cl
C2
C3
C4
C5
C6
C7
C8
C9
CIO
Cll
C12

EF86
EF86
EF86
EM 81
ECC82
OA81
0-5/.F
50#*F
01/xF
8mF
0-1/iF
0-1 mF
8uF
0-1/xF
50»xF
0-5MF
01MF
16/xF
• 47pF, 56pF,

C13 18pF
R2 2-7k
R20
C14 0-05kF
R3
2-2M
R21
Cl 5 47pF
R4 2-2k
R21
C16 lOOpF
R5
1M
R23
C17 47pF
R6
220k
R24
C18 *
R7
33k
R25
C19 0005/xF
R8
1M
R26
C20 0005#*F
R9 390k
R27
C21 0-1/xF
RIO 15k
R28
C22 82pF
Rll 82k
R29
C23 180pF
R12 lk
R30
C24 82pF
RV13 500k
R31
C25 390pF
R14 27k
R32
C26 2,200pF
R15 220k
R33
C27 lOOpF
R16 68k
R34
C28 2,200pF
R17 lk
R35
C29 0-5/xF
R18 470k
R36
R1
R19 10k
1-2M
R37
120pF or 180pF, depending on associated tape deck.

1M
56k
56k
27k
560k
150k
4-7k
22k
4-7k
22k
390k
2-7M
1-2M
680k
150k
470k
27k
68012

control stage is not included, as normally provision for
bass and treble lift and cut is incorporated in the associated
amplifier. Changeover from record to playback is accom
plished by a multiple switch, SA, which is shown in the
“ record ” position in the diagram.
The input stage is a pre-amplifier employing a low
noise pentode VI (an EF86). Provision is made for
alternative inputs from a microphone or the diode output of
a radio tuner. Attenuation is introduced to bring the radio
input to the same level as the microphone input. As this is
a high gain stage, particular care must be taken in the
arrangement of components to minimise hum pickup at
the input. Microphone and radio input leads must be ade
quately screened and earthed. The stray capacitance of
leads and components, which might increase feedback from
anode to grid, must be kept as low as possible to avoid the
production of resonances within the a.f. range. V2 (an
EF86) is an equaliser stage. High frequency equalisation
is applied while recording and low frequency during play
back. High frequency equalisation appropriate to tape
speeds of 15, 7£ and 3-} in. /sec. is obtained by means of a
Ferrocube pot-core inductor (L3) in a resonant circuit
between V2 anode and grid circuits. SB3 selects the
tuning capacitor providing the treble boost appropriate to
the speed. SB1 selects the value of resistance providing the
correct bass boost for the speed of playback.
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Fig. 15. Power supply unit suitable for use with tape pre-amplifier
circuit shown in Fig. 14.

V3, V4 and V5 are operative only during the recording
process. V3 (an EF86) is the output stage. This stage is
designed for low harmonic distortion, which normally should
not exceed 0-5 per cent with a recording current of 150 /zA.
Potentiometer RV13 controls the input from the equalising
stage. The parallel-T network R21, R22, C15, C17, R23
and C16 in the output lead to the recording head prevents
the bias voltage from reaching the anode of V3. To ensure
constant current feed to the head, the resistance of the
series elements is made high compared with the impedance
of the head.
The push-pull bias/erase oscillator V5 (an ECC82) is
designed to take approximately the same current when
quiescent during playback as under oscillating conditions,
so that the total current drawn from the h.t. source remains
substantially unchanged.
The level indicator V4 (an EM81) is excited from the
anode of the output stage through a series resistor R18,
which limits the loading on V3.
Under normal conditions the performance figures are
approximately as given in Table 4, but may be expected to
vary somewhat with the design of the head, the brand of
tape used and the bias current.
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Table 4
Tape speed,
in./sec.

Frequency range, c/s.
+ 3dB. relative to
level at 1 kc/s.

15

50-15,000
50-12,000
50- 5,000

n3?

Playback sensitivity, mV.
for an output of 250 mV.
at 5 kc/s.

5-5
2-4
10

The recording sensitivity measured at 1 kc/s for an a.f.
current at 150 /xA. in the recording head is given in Table 5.
Table 5
Recording sensitivity for
peak recording level

Input

Microphone (impedance 2 MO)

.

Radio (impedance approx. 1 -2 MO)

0-5 mV.
250 mV.

Recording Sources
Live Recording.—The chief problems met with in live
recording with a microphone are the control of signal level,
background noise and room acoustics. Constant super
vision and frequent adjustment of the input signal level are
necessary to avoid over- or under-recording. To obtain the
maximum signal-to-noise ratio the level should be set as high
as possible, but must not be allowed to exceed the pre
determined level shown on the level-indicator at the
modulation peaks, otherwise distortion will occur on
reproduction. Too low a level, on the other hand, will
produce a deficient signal on playback, requiring higher
amplification, with consequent increase in noise level
relative to the signal.
Background noise can be partially controlled by the
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careful use of a directional microphone, such as ribbon or
some condenser types, and by placing the performer no
farther from the microphone. than is necessary. At the
same time too close placing may give rise to over-modulation
and distortion. Reflections and reverberation are more
troublesome in confined spaces with bare walls and floors.
Much can be done to mitigate these effects by the judicious
use of drapings, furnishings and other forms of acoustic
damping. Reflection effects are less of a problem when
making open air recordings, but the background noise
produced by distant traffic, children’s play, the barking of
dogs and the wind may be quite high. It is advisable to
choose a quiet location, away from roads, railways and
industrial areas and to make the recording under calm
conditions. Some types of ribbon microphones can be
easily damaged by the wind. The characteristics of the
various types of microphone are given in Table 6.
For quality recording certain basic precautions should
be observed.
(1) See that the impedance of the microphone is properly
matched to the amplifier input. If the microphone is a
low impedance dynamic type, such as the moving-coil and
ribbon, it is necessary to transform the impedance to the
higher input impedance of the amplifier, unless provision is
already made in the amplifier. Many microphones have a
transformer built in for this purpose.
(2) Microphone connections should be made with screened,
low loss cable and the screen should be earthed to reduce
hum pickup. Leads should be as short as possible and run
clear of mains supply leads and other sources of induc
tive interference. If long leads are necessary, it is worth
remembering that a high impedance output circuit is more
liable to pick up hum and the higher voltage is subject to
greater attenuation than a low impedance circuit.
(3) Place the microphone in a position where it will not
e subjected to a.c. hum or shock, vibration or noises
associated with the operation of the recorder.
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Table 6.—Characteristics

Type

Condenser
Crystal, diaph
ragm type
Crystal, sound
cell type
Moving-coil
Ribbon, pressure
operated
Ribbon, velocity
operated

of

Microphones

Sensitivity
(Open circuit
voltage in dB
below 1 V. per
dyne/sq. cm.)

Frequency Range
(for response
level within

± 3 dB)

Impedance,
ohms at
1,000 c/s

-50

30-10,000

500,000

omni-directional,
bi-directional
or cardioid

-70

50-7,000
50-10,000
60- 6,000*

80,000
Dependent on
no. of cells
15-50

omni-directional

-75
-65
-75

60-15,000

-75

30-15,000

It
It

Directional
Pattern

omni-directional
omni-directional
or bi-directional
cardioid
bi-directional

* Wider range obtainable with some designs,
t Increased to 100-200 ohms by built-in transformer.

(4) If two microphones are used to cover a distributed
source, they should have similar characteristics and must be
connected to operate in phase. The phasing may be
checked by comparing the loudspeaker outputs with both
microphones placed close together against the output from
one. If the combined volume is reduced, they are in
opposition, and it will be necessary to reverse the plug
connections.
Recording from Radio.—Recording from a radio receiver
is the least difficult and most satisfactory of all methods.
It entails little or no modification to the equipment; the
programme has already been edited and is monitored
during transmission and, once the recording amplifier has
been adjusted to the correct recording level, it requires no
supervision. The method is free from the extraneous
effects of room noise and reverberation, which are usually
present when recording from a microphone.
Connections to the recording amplifier can be made in
several ways : {a) From the output of the detector stage
of an f.m. tuner. (b) From the extension loudspeaker
socket of a receiver, (c) From the output to the speech coil
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of the loudspeaker. (<d) From a microphone suitably
placed near the loudspeaker.
If the output source provides only low power, the output
and input impedances should be correctly matched by
making the connection through a matching transformer if
necessary. On the other hand, this may not be desirable
with a high level output since, although there will be some
loss of power if the impedances differ, this is not necessarily a
disadvantage and there will be less risk of overloading the
recorder valves. If a low impedance output (e.g. extension
loudspeaker sockets) is connected to a high impedance input,
the quality will not suffer appreciably, but if a high im
pedance output is connected to a low impedance input,
frequency distortion and excessive hum may be present.
The highest quality of reproduction is obtained by taking
the signal from the detector output of an f.m. tuner, since
it excludes any additional harmonic distortion introduced by
the output stage of the receiver. It is generally necessary
to insert an attenuator pad having the same input and output
impedance as the detector output, as shown in Fig. 16 (a).
The series capacitor Cl is unnecessary if there is no d.c.
component present in the output. On the other hand, a
stronger signal is obtained by connecting to the output of
the loudspeaker. In this case the recording amplifier may
be connected to the low impedance winding of the output

o'
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ADDED COMPONENTS
RECEIVER
OUTPUT
TRANSFORMERv
POTENTIOMETER 10dB ATTENUATOR
\
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/

V-:—
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o
£
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lookn

(a)

t-d=l

Y

HIGH IMPEDANCE —
INPUT TO
RECORDING AMPLIFIER-

Fig- 16. Methods of recording from radio. (a) Recording from
detector output, (6) from receiver output.
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transformer through an attenuator and a potentiometer, as
in Fig. 16 (b)} to control the signal input level. A high
setting of the volume control improves the signal-to-noise
ratio, as it permits subsequent amplification to be reduced.
Recording from a Record Player.—When recording from discs
the output may be taken either from the pickup of a playing
desk or from the amplifier of a self-contained equipment.
The crystal pickup most frequently supplied with a record
player can be connected direct to a high impedance recorder
input through a screened and earthed cable. A low im
pedance dynamic pickup usually requires a matching trans
former. Unless provision for input from a pickup is made
in the tape pre-amplifier, an equalising network appropriate
to the type of pickup head in use and the playing speed
must be inserted between the pickup and amplifier input.
If, after equalising, the signal level is insufficient, it will be
better to make the connection to one of the a.f. stages or
the output transformer of the pickup amplifier.
Tape Editing and Splicing
Tape should always be cut for editing at an angle of 45°
to the sides of the tape. If it is cut at right angles, the
sudden passage of the joint across the head after the splice
has been made is more liable to produce a disturbance on
reproduction and the cut edges are more likely to adhere to
the adjacent layer. Any momentary stalling, caused by
sticking, is manifest as a “ wow ” at low speeds.
Splicing is best carried out with the aid of a grooved
jointing block of non-magnetic material, in which the tape
is secured by clips (Fig. 17). A 45° transverse slot is provided
to admit a cutter for normal splicing and a 90° slot for close
editing when it is required to retain every possible recorded
syllable.
More care is necessary in cutting with scissors, and they
must be of non-ferrous metal. Mark the points at which
the cuts are to be made on the base side of the tape with
a grease pencil. Fold over the intervening section to be
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CUTTING MARKS ON BASE
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1

45° DEGREE CUTS

Fig. 17.
Tape-splicing
block (cutter and clamps
not shown).
7
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TAPE DOUBLED BACK AND
CUTTING MARKS LINED UP

Fig. 18. Marking and cutting tape.

]

BUTT ENDS JOINED
WITH SPLICING TAPE

]

SIDES SLIGHTLY
UNDERCUT

Fig. 19. Tape
splicing.

removed and line up so that the doubled-over edges are
exactly parallel and one mark is above the other, as in Fig. 18.
Make the cut at 45° and bring the cut ends close together.
The joint is then made either by lapping and securing the
surfaces with one of the special cements marketed for the
purpose, or by making a butt joint and applying a strip of
splicing tape to the base of the tape, allowing about f in.
to overlap each end. Cut away the excess and undercut the
sides very slightly, as shown in Fig. 19, to improve the plia
bility and reduce the possibility of the adhesive bleeding out
around the edges and causing adjacent layers to stick together.
Noise and Hum
The signal voltage obtainable from a tape recording is
very low and noise introduced during recording and playback
must be rigidly controlled if the reproduction is to be
acceptable after amplification. Noise is measured by the
total noise from all sources in the system and is the sum of
the inherent noise voltage of the unrecorded tape and the
noise voltages generated during recording and playback.
The chief causes are : {a) Lack of homogeneity of the tape
coating. (b) Roughened head surfaces and the presence of
magnetised particles and dirt on the surfaces. (c) Permanent
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magnetisation of the recording or playback head, (d) Varia
tions in the effective gap length due to uneven contact
between tape and head. (e) Valve and thermal agitation
noise originating in the input stages of the amplifiers.
In order to maintain intimate contact between tape and
head, the head surfaces must be kept clean and polished and
the tape must move at constant speed and under uniform
tension. Valve noise is reduced by the use of low noise
pentodes and anti-microphonic valve holders in the pre
amplifier stage.
Heads may become permanently magnetised by switching
in the wrong sequence, magnetised tools or leakage flux from
the mains transformer. The simplest way to demagnetise
a head is to disconnect the leads and connect the winding
to the h.f. feed for the erase head. The head can then be
demagnetised by switching to the “ record ” position and
running the machine for a few seconds. Take care to restore
the connections in the correct sense.
Hum may be picked up from the leakage flux of the mains
transformer or driving motors. The most vulnerable points
are : the recording and playback heads ; the head input
transformer ; the microphone ; the microphone transformer
and connecting leads ; and the input stages of the recording
and playback amplifiers. Re-orientation of the mains or
input transformers, which are made rotatable in some
machines, in relation to one another, or the use of hum
bucking coils in the circuit, usually effect a cure.
Signal-to-noise Ratio
In tape reproduction the signal-to-noise ratio, expressed
in decibels is equal to :
20 log{EJE„)
where Es is the output signal voltage on playback from the
tape recorded at 100 per cent modulation with a distortion
content not exceeding 5 per cent, and E„ is the total noise
voltage from all system sources.
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Good general purpose machines have a signal-to-noise
ratio of at least 50 dB and professional recorders for the
highest quality renderings 70 dB or better. Noise alone
is frequently specified as an indication of the degree of
quietness in decibels below signal reference level. A noise
level of —55 dB is barely audible in the absence of a signal.
“ Flutter ” and “ Wow ”
The term “ wow ” in tape reproduction is applied to
modulation of the signal by momentary fluctuations of
speed occurring at rates up to 10 c/s. “ Flutter ” is the
name given to the effect of speed variations up to 100 c/s.
Any slight vibration of the tape produced by deposits of
dust on the heads, roughened surfaces of heads or guides,
irregular rotation of the capstan or uneven pressure between
roller and capstan will be heard as a “ wow ”. Recurrent
speed variations in the drive at a higher frequency, caused
by out-of-true bearings and spindle wobble will give rise
to changes of pitch at flutter frequencies, characterised by
a harshness in the reproduction.
Azimuth Adjustment
Correct alignment of the playback head in relation to the
direction of tape movement (Fig. 20) is important for
satisfactory reproduction of the higher frequencies. Errors
.AZIMUTH ERROR

W
| || |

INCORRECT
,

Fig. 20. Azimuth adjustment of
playback head.

\ CORRECT

of azimuth alignment will not distort the reproduction of
one’s own recordings, but close adjustment is most im
portant when playing pre-recorded tapes. If misalignment
has occurred, the aligning screws should be adjusted to
bring the gap exactly at right angles to the edges of the tape
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and the face of the head parallel to the tape surface. Standard
test tapes are sometimes available from the makers, but
failing this, a test tape can be prepared on a separate machine
which is accurately aligned, by recording the highest
frequency of which the machine under test is capable with
the aid of an a.f. oscillator. This tape is then played back
on the machine being tested and the head is adjusted to
produce maximum output level. This can be determined
aurally, but a more accurate measurement can be made by
connecting an output level meter across the extension
loudspeaker terminals.
If separate recording and playback heads are fitted,
the playback head should be aligned first with the test tape.
The recording head can then be aligned separately by
connecting an output meter to the amplifier output.
The erase head is less critical, and once set correctly,
normally needs no readjustment. So long as the poles are
set centrally across the track and the h.f. erase voltage level
is sufficient, erasure will be complete.
Stereophonic Tape Recording
Stereophonic tape recording has not as yet achieved the
same degree of acceptance as the 45/45 stereo disc, and
some perplexity exists in the public mind as to their relative
merits. Stereo discs are pressed more quickly and cheaply
than tape can be processed, are easier to handle and can be
played in any desired sequence with a record changer. Tape
is more costly and has to be threaded and rewound each
time it is played. On the other hand, the signal-to-noise
ratio of stereo discs is 3 to 6 dB lower than monaural
recordings and the channel separation is little better than
25 dB with the average pickup, whereas the signal-to-noise
ratio from twin-track stereo tape at 1\ in./sec. is no worse
than that from twin-track monaural recordings. With high
quality tape recorders it is possible to achieve a channel
separation as high as 50 dB. A further advantage over
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Fig. 21. Stereo tape systems.

stereo discs is that tape wears more slowly and tape noise
does not materially increase with use.
At present there are two basic stereo tape systems : twintrack at 1\ in./sec. and four-track bi-directional at 3\ in./sec.
Fig. 21 illustrates the difference between the two methods.
Twin-track tape is played with a dual-head and the tape
moving from left-to-right in the conventional manner.
With four-track tape, tracks one and three are played with a
left-to-right movement. The heads are then shifted down
wards or replaced by another pair of heads and tracks two
and four are played in the reverse direction. Alternatively,
the spools are changed over and tracks two and four are
played in the same direction.
Twin-track tape at
in./sec. undoubtedly promises to
be the best medium for high quality recordings. It is
likely that the four-track bi-directional method at the lower
speed will become a close competitor in cost with stereo
discs as development advances. But the lower cost and
longer playing time is achieved at the expense of some
degradation of the performance. By reducing the gap to
a fraction of a mil it is possible to sustain the high frequency
response to some extent at the lower tape speed, but the
presence of dust in a gap of such small dimensions operating
on the narrower sound track can profoundly affect the
quality of the reproduction at high frequencies. The loss
of signal-to-noise ratio with quarter-width track and lower
tape speed can amount to 6 dB.
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The stacked or in-line head is now universally used.
In this arrangement the upper and lower track heads are
mounted vertically above each other with their gaps aligned
transversely to the direction of tape flow. With the normal
left-to-right movement of the tape the upper head records
and should play back the left-hand channel and the lower
head the right-hand channel. Staggered heads have fallen
into disuse. In this case the heads are displaced about 1J- in.
apart and the recordings on each track are staggered by a
corresponding amount.
Stereo Tape Amplifiers
The twin-amplifying system for playback differs little from
that for stereo discs outlined in Section 3. Stereo tape is
recorded to the C.C.I.R. characteristic for monaural record
ing. Differences in channel gain and response can cause
disconcerting apparent shifting of the source from side to
side and must be kept as small as possible by adjustment
of the gain controls and equalising circuits. A standard test
tape is indispensable for balancing the circuits. Using the
highest frequency recorded, the heads may first be aligned
by switching from one head to the other until approximately
equal readings are obtained on an output meter. The re
sponses can then be equalised in a similar manner by playing
selected frequencies from the test recordings and adjusting
the equalisation.
It is important to see that the heads are connected to the
pre-amplifier inputs and the speakers to the amplifier outputs
in the correct sense. Head phasing can be checked by
connecting an a.c. voltmeter between the high voltage
terminals of both amplifiers. Little or no reading should
be obtained when playing a twin-channel recording if the
phase is correct. Phasing of the speakers can be verified
by ear. If they are in correct phase, the combined sound
output of both will be greater than for one alone. If the
combined output is the weaker, it will be necessary to reverse
the connections of one speaker.
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NOTES ON COPYRIGHT IN SOUND RECORDINGS
THE Copyright Act of 1956, which supersedes the earlier
Act of 1911, embodies provisions for copyright in sound
recordings. It broadly defines a sound recording as a sound
record of any description capable of being reproduced, and
must be construed to include sound on discs, tape or film.
The relevant sections of the Act are designed to protect both
the record maker against infringement of copyright and to
safeguard the interests of the user. The maker is covered
against violation of his copyright for a period of fifty years,
provided the record or its container is marked with the
original date of publication. Failure to comply with this
provision renders the copyright invalid.
It constitutes an infringement of copyright if the user
makes an unauthorised record embodying the recording or
any part of it, broadcasts the recording or causes it to be
heard in public without the consent of the holder of the
copyright. In the interests of the user, it is held not to be
a breach of copyright if records are used or recordings are
made purely for private or domestic purposes. Making or
playing a record for schools or other instructional purposes
does not infringe the copyright in a musical, literary or
dramatic work, provided only those persons concerned with
such activities are present. Nor is it an offence to play
records at social gatherings, gramophone society meetings
and similar establishments, unless charges are made for
admission or the proceeds are applied to purposes other
than the interests of the society.
Broadcasting organisations may make a record of a copy
right work for transmission by radio where permission has
been granted by the parties concerned, but not for permanent
recordings, provided the recording is destroyed within
twenty-eight days from the date of the first transmission.
The copyright is not infringed by relaying the recording by
a rediffusion service to the public.
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It is important to note that additional copyrights may
exist in the music, lyrics, words or other recorded sound,
as well as in the record. It is an offence to re-record, sell,
distribute for trade purposes or publicly perform any record
without the written consent of all persons or authorities
concerned.
The Act contains similar provisions against infringement
in copyright of recordings brought into the country or im
ported from abroad when they are used for sale, hire,
broadcasting or reproduction in public. The user, however,
does not commit an offence by reproducing or re-recording
them, provided he confines his activities to “ private or
domestic use only ” within the strict definition of the words.

H.F.P.B.—18
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12
POWER SUPPLY UNITS
The power supply unit is a universal source of supply for
all the requirements of the reproducing equipment. Fig. 1
shows a typical supply system for a.f. equipment. Primarily,
two distinct outputs are required for the amplifier and pre
amplifier : a low voltage a.c. supply, usually at 6-3 v., for
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200/250V A.C.
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TAPE DECK OR
TUNER

6-3V TUNER

Fig. 1. Typical power supply system for a.f. equipment.
the heaters, and a high voltage d.c. supply at from 200 to
400 v. for the anodes and screen grids. The output stage
may require from 250 to 400 v. ; early stages anything from
60 v. upwards, derived from the d.c. line through voltagereducing resistors, suitably decoupled to avoid feedback
between stages.
Additional output sockets are often included for l.t. and
h.t. supplies to a radio tuner. In this event it is important
to notice whether the l.t. output is centre-tapped to earth
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or not. Some tuners have one side of the l.t. supply line
earthed via the chassis, so that the heaters would receive only
half the output voltage. The h.t. output voltage may also
exceed the requirements of the tuner, and it would then be
necessary to insert a voltage-reducing resistor. These com
plications do not, of course, arise when the tuner incorporates
its own power pack.
Many supply units also include extra sockets for an a.c.
mains supply to a record player or tape deck or to a tuner
which has its own power pack. A further refinement some
times found necessary is an interference suppressor in the
primary supply leads to eliminate conducted interference
from local electrical appliances or occasional radiation from
a nearby television receiver.
Mains Transformers
The diverse requirements of the amplifier and tuner are
most conveniently met by a transformer having separate
secondary windings. One winding is designed to step up
the voltage to feed a rectifier for the d.c. anode supply, and
one or more windings provide raw alternating current at the
correct voltage for the heaters. Tappings on the primary
winding permit the equipment to be operated on a range of
mains voltages, usually between 200 and 250 v., and in some
units on 110 v.
A few designers provide d.c. heating for the early stages of
the pre-amplifier to reduce modulation hum to the lowest
possible level. In this case the supply is derived from a
separate small metal rectifier fed from an additional
secondary winding. A typical example is the Jason
J.2-10/Mk III stereo amplifier shown on pages 60 and 76,
see Sections 3 and 4.
A well-designed transformer for a high quality amplifier is
massive and costly. Unless the magnetic core is generously
cross-sectioned and the gauge of wire adequate for the current
ratings, regulation will be poor and both the core and wind
ings are liable to overheat and lead to insulation failures.
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Fuses
Irrespective of whether the supply point is fused externally,
it is advisable to have a pair of mains fuses in the supply leads
or one fuse in the live lead (the neutral need not be fused)
to the primary to protect the equipment against damage from
possible short-circuits and insulation failures. Cartridge
fuses are universally fitted, as they have closer discrimination
than open wire fuses. They should be rated to disrupt at a
current slightly in excess of the normal load current and yet
to withstand transient current surges when switching on.
5A fuses will normally suffice for all the requirements of a
comprehensive domestic reproducing system, B.S. 646B
prescribes that a current-operated fuse shall disrupt the
circuit within 1 minute after the current reaches If times
its rating, and shall be capable of carrying its rated current
for 1,000 hours.
Rectifier Circuits
The thermionic diode and certain, non-linear conductors
exhibit a much lower resistance to current flow in one
direction than in the reverse direction. When connected in
series between an alternating current source and a load, they
will pass current during alternate half cycles and effectively
suppress it during the complementary half cycles. The
simplest rectifying circuit is the single phase half-wave
arrangement shown in Fig. 2 (a). The maximum current
passed by the rectifier is determined by the saturation limit
of the diode, the wave shape being more or less flat-topped
(Fig. 2 (6)). The actual shape for any particular circuit is
modified by the curvature of the anode current/anode
voltage characteristic, the presence of inductance or capaci
tance in the output circuit and the degree of saturation of the
transformer core. The limiting factor that determines the
voltage rating is the peak inverse voltage which the diode
can withstand without flashing back.
Half-wave rectification, however, suffers from several
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Fig. 2. Single-phase half-wave rectification.
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Fig. 3. Single-phase full-wave rectification.
disadvantages. The wave form of the current drawn from
the transformer is unsymmetrical, containing large even
harmonic components; voltage regulation is poor; the
residual ripple voltage after rectification is high ; and the
large d.c. component of the flux increases the core losses.
The circuit is, therefore, generally unsuitable for a.f.
amplifiers.
271

i

Fig. 4. Single-phase full-wave bridge circuits.

In the majority of domestic equipment the single phase,
full-wave circuit (Fig. 3) is used. This circuit is, in effect,
two combined half-w'ave circuits fed by a split transformer
secondary winding, each half of which is conductive during
alternate half cycles of the secondary voltage. The number
of secondary turns is twice that required for the half-wave
circuit and, neglecting voltage drops in the rectifier and
smoothing system, the total r.m.s. secondary voltage is
2-22 times the average d.c. voltage. The primary current
is symmetrical and the d.c. component of magnetisation ‘is
eliminated.
An alternative full-wave circuit, mainly used for high
power amplifiers, is the bridge circuit (Fig. 4). During
alternate half cycles of secondary voltage current flows
through element 1, the load resistance RL and element 3 ;
during complementary half cycles the flow is through
element 4, RL and element 2. Since two elements always
operate in series, the inverse voltage during opposite half
cycles is shared between them. The circuit is, therefore,
particularly suitable for high voltage outputs.
Twice the number of rectifier elements is required as for
the simple full-wave circuit for the same power output,
but the voltage transformation ratio is only half, and the
r.m.s. secondary voltage, neglecting voltage drops in the
rectifier and ripple filter, is Til times the average d.c.
voltage. It will be seen from Fig. 4 that directly heated
diodes must have three separate heater windings, insulated
from each other and the h.t. winding. This objection is,
doubtless, partly responsible for the popularity of the
metal rectifier in this circuit.
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Basic data for the single phase full-wave and full-wave
bridge circuits is given in Table 1. Table 2 gives trans
former voltages, currents and volt-amperes. The current
and voltage values are in terms of the average d.c. output
voltage and current. It should be noted that these figures
do not take into account voltage drops and power losses in
the rectifier and ripple filter.

Table 1.—Data

Circuit

for

Single Phase Rectifiers

Ripple
frequency
referred to
supply
frequency

Initial
peak ripple
voltage at
fundamental
ripple
frequency

Peak
inverse
voltage

/

1-57

3-14

2/
2/

0-667
0-667

3-14
1-57

Single phase half
wave .
Single phase fullwave .
Full-wave bridge

Table 2.—Data for Single Phase Rectifier
Transformers
Primary

Secondary
Circuit

Single phase
full-wave
Full-wave
bridge .

Line
power
factor

r.m.s.
Voltage
per
section

r.m.s.
Current
per
section

VA

r.tn.s.
Voltage

r.m.s.
Current

VA

0-707

1-57

Ml

1-0

Ml

0-9

Ml

1-0

Ml

111

1-0

111

0-9

Ml
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Metal Rectifiers
Selenium and copper oxide rectifiers have a longer life
expectancy than valve rectifiers when operated within the
specified ratings. For equal operating conditions, selenium
rectifiers are smaller and more compact than copper oxide
units. The modern contact-cooled type has no cooling
fins, but relies on a special form of contact with the chassis
for thermal dissipation, and is smaller and lighter than the
earlier finned type. The current rating increases directly
with the active surface area and with the number of elements
joined in parallel, but is limited by the temperature rise of
the elements.
Selenium rectifiers have mostly superseded the copper
oxide types, and should provide a longer life than ther
mionic types of equal rating. Recently, the silicon diode
rectifier has been introduced, offering greater efficiency
because of its extremely low voltage drop.
It is important that both types should be operated within
the temperature limits stated by the makers and not subjected
to overload conditions, otherwise their life may be drastically
reduced. The temperature rise of copper oxide units on
load must not be allowed to exceed 15° C., although
selenium rectifiers may be operated at considerably higher
temperatures.
Ripple Filters
To avoid the production of a.c. hum in the amplifier and
more particularly the pre-amplifier stages, the residual ripple
voltage after rectification must be reduced to a negligible
fraction of the d.c. output voltage by the use of a ripple
filter. For satisfactory reproduction, peak ripple voltages,
expressed as a percentage of the d.c. output voltage, should
not exceed 0-05 per cent (a hum level of —66 dB).
Ripple filters for a.f. amplifiers consist of low pass Lsections of either inductance and capacitance (Fig. 5 (a))
or resistance and capacitance (Fig. 5 (b)), normally preceded
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Fig. 5. Single-stage ripple filters, (a) L-C filter and reservoir
capacitor. (b) R-C filter and reservoir capacitor, (c) Choke input

filter.

iI

by a reservoir capacitor. In the single stage L-C filter the
reservoir capacitor Cl charges to the peak value of the
rectified voltage at each half cycle, and discharges through
the choke LI at a rate determined by the effective impedance
of LI, C2 and the load resistance RL. For a given value
of impedance, the larger the reservoir capacitance, the greater
the initial ripple reduction, but the maximum capacitance
that can be used is limited by the demand made on the valve
emission by the peak charging current. The series choke
has a high reactance at the ripple frequency, but readily
passes the d.c. component, and thus tends to maintain the
current constant. The shunt capacitance, on the other hand,
is a path of low reactance to the ripple component compared
with the load resistance, but obstructs the passage of d.c.
The ripple component, therefore, tends to follow the path
through LI and C2 in preference to the relatively high
impedance path through LI and RL.
Where the load current drawn by the amplifier is variable,
as, for example, in a Class B output stage, better voltage
regulation is obtained with a choke input filter (Fig. 5 (c)).
The input choke, which is known as a swinging choke, is
designed to saturate at peaks of loading, so that the falling
reactance on heavy load currents and the rising reactance
on light load helps to stabilise the voltage across Cl.
Resistance-capacitance filters (Fig. 5 (6)) make use of a
resistor R1 as the high impedance series element and a
capacitor C2 as the low impedance shunt element. These
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filters are chiefly used for low current supplies, such as to
a tuner or pre-amplifier, where the d.c. voltage drop and
power loss in the resistor are relatively small.
Ripple Reduction Factor
The initial ripple voltage before smoothing has a funda
mental frequency twice the supply frequency after full-wave
rectification, and contains a number of harmonics of higher
frequency, which are rapidly attenuated by a low pass filter,
and may generally be neglected in comparison with the
fundamental. The magnitude of the initial ripple relative
to the d.c. component is given in Table 1. Subsequent
attenuation by a filter is specified by the ripple reduction
factor. This is the ratio of the peak input ripple voltage to
the peak output ripple voltage. Since the voltage ratio is
equal to the ratio of the input and output impedances, taken
in their correct vector relationship, formulae for the ripple
reduction factor can be readily established. For the circuits,
just described, these are given in Table 3.
Table 3.—Ripple Reduction Factors
Circuit

Ripple reduction factor
k=ei/e0

Reservoir capacitor with resistive load, Rl .
Single L-section of inductance and capacitance
Two L-sections of inductance and capacitance
in cascade ......
Single L-section of resistance and capacitance

Q CRl/2
& LC-1
(G2 LC—l)2
QCR

where Q=2ir x ripple frequency.

D.C. Mains Supplies
D.C. mains still exist in some districts. High-fidelity
amplifiers cannot be designed effectively for universal a.c./
d.c. operation. The preferred procedure in this case is to
276

convert to a.c. at the standard voltage and frequency by
means of a small rotary converter or motor-generator.
The differences between a rotary converter and a motorgenerator are not always clearly understood. A rotary con
verter changes d.c. to a.c. and vice versa. It has a single
armature winding rotating in a common magnetic field, from
which tappings are taken to a commutator at the d.c. end
and to slip rings at the a.c. end. The d.c./a.c. transformation
ratio is fixed by the number of phases, and for a single
phase machine is equal to l/\/2, but a.c. voltages differing
from the fixed value can be obtained from an output trans
former furnished with tappings, if a range of voltage is
required, or from a variable iron-core choke.
A motor-generator is a more versatile combination of a
small motor and a generator on a common shaft. It is
possible to design these machines for any voltage ratio, to
convert d.c. to a.c. or the reverse or to transform a.c. from
one frequency and voltage to another.
As with all commutating machines, it is necessary to fit
an interference suppressor as close as possible to the com
mutator terminals. As a further safeguard against inter
ference, directly produced noise and the transfer of vibration,
the whole machine is enclosed in an efficiently shielded and
earthed box lined with sound-absorbent material.
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USEFUL DATA
USES OF THE DECIBEL
The magnitude of the sensation produced on the ear when
a sound is suddenly increased or decreased in intensity from
one level to another is roughly proportional to the logarithm
of the ratio of the two powers. A change of electrical power
in an amplifier or a receiver also produces ultimately a
proportional change of acoustic power in the loudspeaker,
which stimulates the ear in a similar manner. The relation
ship of the two power levels expressed in bels
w^ogioC^/Fi)
The decibel (l/10th bel) is the more practical unit of
power, voltage and current in electrical work. Since a power
change of 1 bel is equal to 10 decibels,
wdB = 10 ^Og10(PJPi)
The relationship between any two voltages or currents
readily follows from the fact that the power in a load of
resistance R is equal to E2/R or PR, where E is the voltage
across the resistance and I is the current flow. If the load
resistances are dissimilar,

e*/r2

”dB= 10 log
E 2/R
= 10 log (i2W) (Ri/Rz)
= 20 log (EJEJ + 10 log(/?,//?2)
= 20 log{1,11,) + 10 logORJR,)
If the resistances are equal, e.g. the difference in level
between the output and input of an attenuator having equal
lnput and output resistances, or a change of output level of
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an amplifier into a constant load resistance, the second term
vanishes and these expressions reduce to
»dB = 20 log(EJE1) = 20 log;(/*//,)
When the ratio is less than 1 (a loss or attenuation),
calculation is simplified by inverting the ratio and prefixing
by the negative sign.
»du = 20 log(EJE1)= -20 log(EJE2)
The decibel scale transforms large changes in physical
quantities to small numerical changes and simplifies the
calculation of gains and losses. The overall gain of a
complete system in decibels is simply the sum of the
individual gains and losses of each link or stage, gains being
reckoned as + and losses as — gains.
The decibel is used in various ways to define : (a) a
difference between two levels (gain or loss), e.g. the output
and input power or voltage of an amplifier; (b) a change
in level (increase or decrease), e.g. in the output power of an
amplifier ; (c) a definite level by reference to some arbitrary
level called zero level, e.g. the output voltage of a microphone.
A difference or change in level is said to be so many
decibels up or down or so many decibels gain or loss (+ or
—). A specific level is said to be so many decibels above
or below zero level (+ or —).
Reference Levels
Zero level of power
(European standard)
Zero level of voltage
Zero level of field
strength of e/m waves
Zero level of acoustic
intensity

= lmW.
= IV.
= lmV./metre or l/xV./metre.
= 0-0002 dynes/sq. cm. at 1,000
c/s.

Zero level of volume
= lmW. into 600 ohms.
units
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The Phon
The equivalent loudness of a sound is measured by the
intensity level in phons. The number of phons is numeri
cally equal to the number of decibels referred to a zero level
corresponding to the threshold of hearing (0-0002 dyne/sq. cm.
at 1,000 c/s, equivalent to an acoustic power of 10'16 watt).
Volume Unit (VU)
A unit in a.f. amplification to express the power level of
complex programme material in terms of decibels above or
below a reference volume. Reference volume is defined as
that volume which gives a reading of 0 VU on a volume
indicator calibrated to read zero on a steady 1,000 c/s tone
whose power is 1 mW. into 600 ohms.
Decibel Equivalents
Some useful datum points to remember when mentally
converting ratios into decibels and decibels into ratios are :
A power
ratio of
represents a
dB change of
approximately

2/1

4/1

8/1

10/1

100/1

1000/1

10‘/1

105/1

106/1

3

6

9

10

20

30

40

50

60

For voltage and current ratios, treat the ratios in the upper
column as voltage or current ratios and double the number
of decibels in the lower column. For attenuation, invert the
ratios in the upper column and prefix the number of decibels
in the lower column with the negative sign, thus :
A voltage
drop to
represents an
attenuation in
dB of approx
imately

1/2

6

1/4 1/8

12

18

1/10

1/100

1/1000

1/104

1/10®

1/10®

20

40

60

80

100

120
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COLOUR CODES
Resistors
The information on resistors given by current colour
coding systems includes value, tolerance and grade. These
characteristics are indicated either (1) by a series of three or
more colour rings which are read from the end of the
resistor towards its centre (Fig. 1); or, alternatively, (2)
by reading first the body colour ; secondly, the tip colour ;
thirdly, the spot or band colour (Fig. 2). In system (2) the

I
♦ 4 4

ABC

fourth colour (tolerance) is indicated by marking the
second tip but, since the colours normally differ from those
used to designate value, no confusion is likely to arise.
In each system, the first colour to be read indicates the
first figure of the value ; the second colour gives the second
figure of the value ; and the third colour gives the number
by which the first two figures should be multiplied in order
to arrive at the true value of the resistor. The fourth colour
shows the tolerance, the accepted tolerances being ± 1 per
cent, ± 2 per cent, i 5 per cent, ± 10 per cent and ± 20
per cent. Where no tolerance is indicated, it may be assumed
that the tolerance is ± 20 per cent.
Grade 1, high-stability, composition resistors are coded
as (1) above, the grade being denoted by either a fifth band
of salmon pink, or the body being of that colour.
Examples.—A resistor with a blue body, a grey tip and an
orange spot would have a value of 68,000 ohms with a
tolerance of ± 20 per cent. The addition of a silver band or
tip would indicate a tolerance of ± 10 per cent.
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Table 1.—Resistor Colour Code
Colour

Black
Brown
Red
Orange
Yellow
Green
Blue
Violet
Grey
White
Gold
Silver
No colour

1 st Figure
(A)

1
2
3
4
5
6 *
7
8
9

2nd Figure
(B)

Multiplier
(C)

1
2
3
4
5
6
7
8
9

1
10
100
1,000
10,000
100,000
1,000,000
10,000,000
100,000,000
1,000,000,000
0-1
0-01

Tolerance
(D)

±1%
±2%

±5%
±10%
±20%

A resistor with four bands of colour, the end one being
orange, the next orange, followed by brown and gold would
have a value of 330 ohms with a tolerance of ± 5 per cent.
In this case the body colour would have no significance,
unless salmon pink, which would indicate a Grade 1 resistor.
Capacitors
In the three-dot capacitor colour code, the colours have
the same value as in the resistor colour code, see Table 1,
e.g. black is 0, brown 1, etc. Read the colours from left to
right. The first two dots give the first and second figures
of the value, the third the number of noughts after the
figures. The normal voltage rating can be assumed to be
500 volts working, the tolerance 20 per cent.
In the two-row coloured dot code, the top row gives the
first figures of the value, and is read from left to right, the
bottom row giving, from right to left, the number of noughts,
the tolerance and the voltage rating. Table 2 gives the
tolerance and voltage coding.
Some circular capacitors are coded with two groups of
co oured bands, one wide the other narrow. Read with the
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wide bands on the right. These give the first figures of the
value, read from left to right, the narrow ones giving, from
right to left, the number of noughts, the tolerance and the
voltage rating.
All values are in picofarads.
Table 2.—Capacitor Tolerances
Rating Code
Colour
Black
Brown
Red
Orange
Yellow
Green
Blue
Violet
Grey
White
Silver
Gold

and

Voltage

Tolerance, %

Voltage Rating

1
2
3
4
5
6
7
8
9
10
5

100
200
300
400
500
600
700
800
900
2000
1000

Pick-up Styli
Colour Coding has been adopted to identify pickup styli
as follows :
On case : green =standard (78 r.p.m.); red=long playing ;
violet=universal.
On tip : red=0-001 in. ; lemon=0.002 in. ; green=
0-0025 in.; French blue=0-003 in. ; orange=0-0035 in. ;
violet=universal.
Colour-band on shaft : black=hard metal ; white=
diamond ; sky blue=oval tip ; no colour=sapphire.
VALVE DATA
Data for a number of valves used in high-fidelity amplifiers
is given in Tables 3-5. In the case of double triodes, the
characteristics given apply to each separate triode. The
H.F.P.B.—19
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Table 4.—Valve Pin Connections
Pin
Valve

:

B309
B329
B339
B719
ECC81
ECC82
ECC83
ECC85
ECL82
ECL86
EF37A
EF86
EL34
EL37
EL84
EZ80
EZ81
GZ30
GZ32
GZ34
KT55
KT66
KT88
L63
LN309
N709
PCL83
U709
UU12
Z729
5V4G
5Z4G
6AQ8
6BQ5
6BR7
6BR8
6BW6
6J5GT
6L12
6L13
6P15
6V4

8D8
12AT7
12AU7
12AX7
807
6267

Base

B9A
B9A
B9A
B9A
B9A
B9A
B9A
B9A
B9A
B9A
Octal
B9A
Octal
Octal
B9A
B9A
B9A
Octal
Octal
Octal
Octal
Octal
Octal
Octal
B9A
B9A
B9A
B9A
B9A
B9A
Octal
Octal
B9A
B9A
B9A
B9A
B9A
Octal
B9A
B9A
B9A
Octal
B9A
B9A
B9A
B9A
UX
B9A

1

2

3

4

5

6

7

8

9

a'

8'
8'

k'
k"
k'
k'
k'

h
h
h
h
h
h
h
h
h
h
g2
h
g2
g2

h
h
h
h
h
h
h
h
h
h

a'
a'
a'
a'
a'
a'
a'
a'
a
a
NP
a
NC
NP
i.c.
i.c.
i.c.
a"
a"
a'
NP
NP
NP
NP
a
i.c.
a
i.c.
i.c.
a
a'
a'
a'
i.c.
s
a
NC
NP
a'
a'
i.c.
i.c.
a
a'
a'
a'

8
8
8
8
8
8
8

k'
k'
k'
k'
k'
k'
k'
k'
kt
gl
k
g3

hc.t.
hc.t.
hc.t.
s
hc.t
hc.t.
hc.t.
s
at
at

a"
a*
a'
a'
a'
a"
a"
gt
gt
M
g2
g3
NC
i.c.
a'
a'
NC
NC
i.c.
i.c.
NC
s
M
at
i.c.
at
a"
a*
g2
NC
NC
a*
i.c.
NC
gt
i.c.
M
a'
a'
i.c.
a'
g2
a"
a'
a"
h
g2

8

g"
8"
8'
8'
8*

k,g3
kt
h
s

h
h
gl
i.c.
i.c.

h
h
h
h
h
h
h
gt
gl
gt
i.c.

i.c.
s

h
h

eT
gl
gl
at
gl
h
g"

k'
k'

r
gl
g2
a
k
a
a
k,g3
k
k
NP
NP
NP
a
a
a
a
kt
k,g3
kt

k
k
k
NP
NP
k'
kg3
k
kt
k
a
k'

s"

k'

gl
i.c.
s

k,g3
k
k
k*
k'
k"
gl
k

(f
g"
8"

g2
s

h
h
h
a'
a'
a'
g2
g2
g2
NC
h
h
h
h
h
h
a'
a'
h

h
h
h
h
NP
h
h
h
h
h
h
h

h
k.bp
h

83

h
el
el
h
h
h

NP
NP
NP

el
gl
gl
g
h
h
h
h
h
h
NP
NP
h
h
h
h
h
8

h
h
h
h
h
h
h
h
h
h

t
a

g
g2
k,g3
h
s

h
h
a
a"
a"
NP
NP
NP
h
h
h
h
k,g3
a
k,g3
a'
a'
s
NP
NP

*

gl

k

k,g3
i.c.
i.c.
i.c.
h,k
h,k
h,k
k.bp
k.bp
k.bp
k

82
i.c.
i.c.

82

gl
r2
gl
i.c.
i.c.
gl

i.c.
g2
i.c.
i.c.
g3
h.k
h.k

8'

k'

a
a
g2
h

i.c.
g2
k.g3
g2
k

8'

k'

s'

S'
S'

k'
i.c.
i.c.
g3
k'
k'
k'

s
hc.t.
g2
i.c.
gl
hc.t.
hc.t.
hc.t.

s

g3

gl

a

a
a'
s

g'

s
g2
g3
gl
bp

f a connected to top cap.

• gl connected to top cap.
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(All

Table 5.—Rectifier Data
Full-wave Indirectly Heated)
Heater

Type
volts

A

EZ80
EZ81
GZ30
GZ32
GZ34
U709
UU12
5V4G
5Z4G

6-3
6-3

0-6

5
5
5
6-3
6-3
5
5

2
2-3

1-9
0-95
0-95

6V4

6-3

0-6

1

2
2

Va (r.m.s.) I out max.
max.
(mA)

2x350
2x350
2x350
2x300
2x400
2x350
2x350
2x375
2x350
2x250

90
150
125
300

250
150
150
175
125
90

Base

B9A
B9A
Octal

Octal
Octal
B9A
B9A
Octal
Octal
B9A

characteristics given for power amplifying valves are for a
single valve operating under Class A conditions. The
following symbols are used : /z amplification factor; ra
anode resistance ; gm mutual conductance.
In the valve pin connection table, the following symbols
are used : a anode ; g or gl control grid ; g2 screen grid ;
g3 suppressor grid ; bp beam plates ; k cathode ; h heater ;
s screen ; i.c. internally connected ; M connection to metal
shell; NC no connection ; NP no pin. In the case of double
valves whose electrode structures are the same, e.g. double
triodes, primes are used to distinguish between the separate
structures. In the case of triode pentodes, the triode
electrodes are distinguished by the addition of the letter t,
e.g. at is the triode anode. Where the heater is provided
with a centre tap, the connection to the tap is indicated by
the symbol hc.t.
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GLOSSARY
Absorption Coefficient. The ratio of the sound energy
material to the total
absorbed or conducted through
incident energy.
Acoustic Feedback. Reaction in a sound-reproducing
system between sound from the loudspeaker and a micro
phone, pickup or valve, which causes the system to oscillate
or “ sing ”.
Acoustic Filter. A filter embodied in loudspeaker en
closures, which passes the lower frequencies and attenuates
the higher frequencies. It often consists of layers of felt or
a perforated or slotted sheet of plywood.
Acoustic Impedance. A measure of the extent to which
a surface or material prevents the flow of acoustic energy.
The ratio of the average sound pressure over a surface to
the volume velocity through it, measured in dynes/sec./cm5.
Acoustic Power. The rate at which sound energy is
dissipated in a medium, measured in acoustic watts P=Rv2,
where R is the acoustic resistance and v the volume velocity.
Acoustic Resistance. A device placed over the port of a
vented loudspeaker enclosure resistively loading the loud
speaker to improve its response. Also enables volume of
enclosure to be reduced.
Alcomax. A range of magnetic alloys, mainly containing
iron, cobalt and nickel. American equivalent Alnico.
Ambient Noise. Unwanted background noise picked up
by a microphone, including colouration produced by the
acoustic properties of a studio or room.
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Amplitude Distortion. Non-linear relationship between
the input and output of a loudspeaker, amplifier, recording
head, pickup or microphone, caused by overloading of
valves or circuit elements. Always accompanied by har
monic and intermodulation distortion.
Amplitude Modulation. Modulation of the intensity of
a radio frequency carrier, the frequency remaining constant.
Anechoic Chamber. An acoustically absorbent chamber,
free from echo, designed for testing loudspeakers and
microphones.
Antinode. A point of maximum amplitude in a stationary
wave, for example in a vibrating string or organ pipe. Also
a point of maximum voltage or current when a standing
wave is present on a radio frequency transmission line or
aerial.
Attack. Sharpness of response to transients or momentary
discontinuous sounds. Good attack requires a high damping
factor in the speaker and output stage of the amplifier and
a wide frequency range.
Attenuation. Reduction of voltage, power or sound
intensity. The reverse of amplification or gain.
Attenuator. A resistance network designed to absorb energy
and produce a specified loss when inserted between two
impedances to which the input and output impedances of
the attenuator are matched.
Audio Frequency. A frequency or band of frequencies
within the audible range of 25 to 16,000 c/s.
Audio Frequency Oscillator.
audio frequencies.

A generator of power at

Audio Frequency Spectrum.
within the range of audibility.

The band of frequencies

Auditory Perspective. The ability to locate the source and
direction of sound by ear.
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Azimuth Alignment. Adjustment of the magnetic head
of a tape recorder to set the gap vertical to the direction of
tape motion.
Background Noise. Unwanted noise generated in a re
producing system or picked up with the signal, heard as a
background to the signal. Noise is measured in decibels
relative to the signal as reference level or by the signal-tonoise ratio.
Baffle. A flat, non-resonant panel on which a loudspeaker
is mounted in order to reinforce the reproduction of the
lower audio frequencies.
Balance Control. A volume control on a stereo amplifier,
designed to vary the volume of each speaker relative to the
other, the volume of one speaker increasing as the other
decreases, while the total volume remains substantially
constant. The sound is thus made to appear to shift from
left-to-right and vice versa.
Bass Reflex. A term applied to a loudspeaker enclosure
which improves the bass response by allowing the sound
radiated from the back of the diaphragm to emerge through
a port of appropriate dimensions in the correct phase
relationship to reinforce the sound from the front.
Beat Frequency Oscillator. A twin radio frequency
oscillator whose frequencies are mixed to produce a difference
frequency in the audible range. By making one of the
frequencies variable, the audio frequency can be varied.
Bias Frequency. The supersonic frequency of the bias
current applied to the recording head of a magnetic recorder
to improve the linearity of the recording characteristic.
Bimorph. A combination of two piezo-electric crystals as
used in pickups and microphones to improve the transducing
efficiency.
Binaural. Sound transmission by two channels, simulating
the method of reception by the human ears. Strictly applied
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to transmission by twin microphones placed a few inches
apart and reproduced by earphones.
Bulk Erasing. Complete demagnetisation of recording tape
in bulk by means of a large electromagnet.
By-pass. A path of relatively low impedance compared
with the main circuit, provided to divert current.
Cantilever. A small arm operating on the cantilever
principle, which supports the stylus in a crystal or variable
reluctance pickup.
Carrier Wave. The unmodulated radio frequency wave
emitted by a transmitter.
Cartridge. The electro-mechanical elements of a pickup
which are inserted into the pickup head.
Cassette. A transparent perspex container for a tape
recorder, which takes both spools and obviates the necessity
of threading the tape.
Ceramic. Ceramic type piezo-electric elements for pickups
and microphones, made of barium titanate, are commonly
known as ceramic. Ceramic magnets of barium ferrite are
used for louspeaker and for cathode-ray tube focusing
magnets.
Ceramic Pickup. A pickup containing piezo-electric
elements composed mainly of barium titanate.
Channel. A path or circuit for conveying sound information
by radio, disc or tape recording. Stereo systems require
two or more channels.
Choke. An inductor which restricts the flow of alternating
current but permits the passage of direct current, or alter
natively restricts high frequency current, but passes low
frequency current.
Clipping. Removal of the upper and/or lower portions of
a waveform. Peak clipping of a signal occurs when an
amplifier is driven to saturation by excessive input signals.
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Coaxial. A term used to describe a type of cable in which
one conductor is completely enclosed by the other and
concentric with it. Also Concentric.
Coercive Force. The magnetising force necessary to just
annul the remanent magnetism in a magnetic material and
reduce the field to zero.
Compensation. Correction or modification of the frequency
response characteristic of pickups, tape heads and amplifiers
by suitable combinations of reactance and resistance.
Compliance. Resilience, flexibility, mechanically analogous
to capacitance in an electrical circuit. Opposite of stiffness.
Usually refers to loudspeaker cones and surrounds or pickup
movements and mountings.
Compressor. An amplifier which compresses the volume
and limits the dynamic range of sound.
Condenser Microphone. A microphone which depends
for its action on the voltage variations produced in a charged
capacitor, in which one plate functions as a diaphragm
responsive to sound wave pressure.
Constant Amplitude. The method of disc recording in
which the transverse displacement of the stylus varies
directly as the amplitude of the signal, irrespective of
frequency.
Constant Velocity. In disc recording, the method in which
the lateral displacement of the stylus varies inversely as the
frequency, the velocity remaining constant.
Cross Fading. Control of two sound programmes so that
one is made to increase in volume as the other decreases and
fades out, the total output remaining constant.
Cross Talk. Unwanted transfer of sound or audio frequency
energy from one channel to another.
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1
Crystal Microphone. A microphone which makes use of
the piezo-electric property of Rochelle Salt or a similar
crystal to convert mechanical strains produced by the
pressure of sound waves into corresponding voltage
variations.
Crystal Pickup. A pickup which depends on the piezo
electric property of Rochelle Salt crystals to transform
vibrations imparted to the stylus into alternating voltages.
Cue. A visual or aural signal given for changing or fading
out or starting a sound sequence.
Cut-off Frequency. The limiting upper or lower frequency
beyond which the response falls off by more than 3 dB.
Damping. The use of acoustical, mechanical or electrical
resistance to limit the amplitude of sound waves, mechanical
vibrations or electrical oscillations or to cause them to decay
rapidly.
Damping Factor. The ratio of load impedance to output
impedance of a power amplifier. A high damping factor is
desirable to subdue loudspeaker resonances.
Dead. A term applied to a surface or a room which absorbs
sound and does not reverberate.
Decay. Dying away of sound, alternating current or radio
frequency waves.
De-emphasis. Equalisation of certain frequencies during
reproduction which have previously been pre-emphasised
during recording or broadcasting transmission, in order to
restore a uniform overall response.
Diffraction. Bending of sound or radio waves round an
obstacle. Diffraction occurs when the dimensions of the
obstruction are less than half the wavelength.
Distortion. Dissimilarity between the output and input of
an amplifier, circuit or transducer. The form of distortion
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N usually encountered is non-linear distortion, accompanied
by harmonic and intermodulation distortion, frequency dis
tortion and phase distortion.
Doppler Effect. Change in pitch of sound heard when the
source is approaching the observer or receding from him.
Double Track. Usually refers to magnetic tape having
twin sound tracks, each occupying half the width, either
for stereo reproduction or to double the playing time by
inverting the spool to reproduce either track.
Doublet. A radiator of electromagnetic or sound waves
which propagates in the forward and reverse directions but
not sideways, as depicted by a figure of eight polar diagram;
e.g. a dipole, a baffle-mounted cone loudspeaker or an
electrostatic loudspeaker.
Drive. The driving mechanism of a disc reproducer or
tape recorder.
Dubbing. Superimposition of a commentary or sound on
an existing recording.
Dynamic Microphone. A microphone in which a coil is
made to vibrate in a magnetic field by the pressure of sound
waves, so as to generate an electric current in the coil, i.e.
a moving-coil or ribbon microphone.
Dynamic Pickup. A pickup in which the vibrations of
the needle are transferred to a coil free to move in a magnetic
field, thereby generating an electric current.
Dynamic Range. The ratio of the loudest to the softest
passages occurring in music or speech, expressed in decibels.
The full dynamic range of a symphony orchestra is of the
order of 90 dB.
Eigentone. A room resonance produced by standing waves
set up by reflections between opposite walls.
Equalisation. Correction of frequencies which are overor under-emphasised in the recording and reproduction of
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music, to restore the balance, so that all frequencies are
reproduced with equal intensity.
Exponential. Increasing or decreasing in geometrical
progression or at a logarithmic rate.
Exponential Horn. A flared horn, the curve of whose
sides follows an exponential law, so that the areas of equi
distant sections along the axis bear a constant ratio to each
other.
Feedback. See Negative Feedback.
Filter. A circuit for suppressing or attenuating portions of
the frequency range. High-pass, Low-pass and Band-pass
filters are designed respectively to pass all frequencies above,
below and between certain limiting frequencies.
Filter, Smoothing. A low-pass filter circuit for removing
the residual alternating current ripple from rectified alter
nating current, in order to produce pure direct current.
Flutter. Rapid fluctuations of pitch at a rate exceeding
10 c/s in the reproduction of sound from discs or magnetic
tape, which degrades the definition and quality of the sound.
Flux Density. The number of magnetic lines of force per
unit area, particularly in the magnetic gap of a loudspeaker
or a magnetic tape head. Symbol B.
45/45 Recording System. The system of disc recording
in which one channel is recorded in one wall of the V groove
and the second in the other wall, both being at 45° to the
horizontal. The combined patterns cause the reproducing
stylus to follow an intermediate path. The channels are
resolved by two combined pickup elements, one responding
to motion in the left-hand groove and the other to motion
in the right-hand groove.
Frequency Distortion. Distortion occurring when the
audio frequencies in the output differ in their relative
intensities from those at the input.
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Frequency Doubling. .One form of harmonic distortion.
Frequency Modulation. Modulation of the frequency of
a radio frequency carrier wave, the amplitude remaining
constant.
Frequency Response. The band of frequencies to which
an amplifier, circuit or reproducing device is responsive.
Fringe Area. The region beyond which the signal strength
obtainable with a normal aerial is too weak for satisfactory
reception.
Fundamental. The main frequency of a note which
determines its pitch. The higher frequency components or
harmonics which give the note its timbre or quality are
multiples of the fundamental.
Gain. Voltage, current of power magnification of an
amplifier stage or a complete amplifier.
Gain Control. A resistance network or potentiometer
designed to control the output level.
Gap Effect. The self-erasure that occurs at high frequencies
in tape reproduction when the gap width of the playback
head is equal to or greater than the wavelength of the
recorded pattern on the tape.
Haas Effect. The precedence effect of two speakers under
conditions of equal intensity, whereby a listener hears only
the one nearest him.
Hangover. Lack of attack. Extended decay of a signal in
reproduction, most apparent with transients, and usually
due to a resonance or insufficient damping.
Harmonic. A component of a non-sinusoidal wave or
complex tone whose frequency is an integral multiple of the
fundamental frequency. For example, a fundamental fre
quency of 1,000 c/s may have a second harmonic of 2,000 c/s
(the octave) or a third harmonic of 3,000 c/s. Also Overtone
or Partial.
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Harmonic Distortion. Spurious harmonic tones which
are multiples of the fundamental frequency, introduced by
a non-linear characteristic of reproducing equipment.
Horn Loading. The provision of an exponential or conical
horn to enable a loudspeaker diaphragm to move a large
column of air effectively, thereby increasing the volume of
sound at low frequencies.
Hysteresis. The lag in magnetic response of a magnetic
material when subjected to cyclic changes of magnetising
force.
Impedance. The alternating current equivalent of re
sistance. The vector sum of the resistances and reactances
of a circuit or device.
Impedance Matching. See Matching.
In-line Head. See Stacked Head.
Insertion Loss. Power loss, incurred by the insertion of a
passive network, such as a filter, in a circuit, due to the
presence of resistance.
Intermodulation Distortion. The distortion occurring
when harmonic tones interact with each other or with the
fundamental frequency to produce sum and difference tones.
Thus two tones of 100 c/s and 5,000 c/s will produce
additional tones of 4,900 and 5,100 c/s. More noticeable
than harmonic distortion.
Lamination. One of the layers of a magnetic core made
from thin sheets of magnetic material, such as Mumetal,
silicon steel etc., clamped together to reduce eddy current
loss.
Lap Joint. A joint in magnetic tape made by splicing and
cementing the ends together.
Lateral Recording. The method universally adopted for
monophonic disc recording, whereby the impressions are
made transversely to the spiral groove in the disc.
H.F.P.B.—20 .
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Leader Tape. Plastic tape provided for threading a
magnetic tape into a tape recorder or for editing.
Left-to-Right Recording. The conventional stereo record
ing system, employing microphones at left and right on a
line parallel to the sound sources. For loudspeaker repro
duction the microphones are spaced 6 ft. or more apart ;
for earphone reception the spacing is about 6 in., with an
intervening screen to simulate the human head.
Level. Signal strength of a pure tone, expressed in dBs
referred to a zero level of 1 mW., into 600 ohms. Loudness
level or sound intensity is expressed in phons, which is
the sound pressure in dBs referred to a zero level of 0-0002
dynes/sq. cm. of a pure 1,000 c/s. tone.
Live. A term used to describe an actual performance as
distinct from a recording.
Load. A resistive or other impedance connected to the
output of an amplifier or a circuit, in order to absorb the
power output, e.g. a loudspeaker or a recording head.
Magic Eye. A miniature cathode-ray tube containing a
small fluorescent screen, on which a pattern of light indicates
the voltage level.
Magnetic Induction. Magnetic flux density or flux per
unit area, represented by the symbol B. The force of
attraction or repulsion in a magnetic material.
Magnetic Intensity. The measure of intensity of magneti
sation. The number of unit poles in a given cross-sectional
area, I=m/A, where m is the number of unit poles, and A
is the cross-sectional area.
Magnetic Permeability. The ratio of the magnetic flux
density produced in a medium to the flux density that would
be produced in air by the same magnetising force. Symbol f.i.
Magnetic Pickup. A moving iron or variable reluctance
pickup, in which an armature of magnetic material is vibrated
300

by the stylus between the poles of a permanent magnet.
Variations of magnetic flux in the magnetic circuit generate
a voltage in a coil wound on the magnet.
Magnetomotive Force. The force that produces the
magnetic field in a magnetic circuit, measured in gilberts.
Masking. Partial effacement of one sound by another.
Master Gain Control. Gain control on a stereo amplifier,
which controls the gains of both channels equally and
simultaneously.
Matching. Usually refers to the matching of the output
impedance of one circuit or device to the input impedance
of another. Maximum energy is transferred when the
impedances are equalised and the resistive and reactive
components are equal. The term is used in stereo work
when speaking of loudspeakers and microphones having
similar response characteristics.
Matrix. A mould on which sound recordings are impressed
for the manufacture of discs. A double-sided disc record
is produced by pressing under heat between two matrices.
Mixing. The process of combining the outputs of two or
more sound or programme sources to produce desired effects.
Monaural. Literally, listening with one ear. Often
misapplied to single channel or monophonic reproduction
as distinct from stereophonic reproduction.
Monitor. To listen to a radio or recorded programme for
the purpose of checking and correcting the reproduction.
A monitoring amplifier is one that operates a check loud
speaker or headphones.
Monophonic. A term used to distinguish single from
multi-channel transmission. Counterpart of stereophonic.
Also Monaural.
Moving-Coil Loudspeaker. A loudspeaker actuated by
a coil suspended in the field of a permanent magnet, so that
301

the coil vibrates in the direction of its axis when energised
by audio frequency current.
Moving-Coil Microphone. A microphone in which vi
brations of a coil in a magnetic field, caused by the pressure
of sound waves, generate audio frequency voltages in the
coil.
Moving-Coil Pickup. See Dynamic Pickup.
Multiplex. A system of transmitting two or more in
dependent sets of signals on a r.f. carrier or line. In sound
reproduction two-channel stereo applied to an f.m. carrier.
Mumetal. A high permeability magnetic alloy of nickel,
chromium and copper, having small hysteresis loss, much
used for screening microphone transformers, pickups and
recording heads from stray fields.
Needle Chatter. Directly radiated noise produced by
transfer of vibrations of the needle to the mounting or tone
arm of a pickup, when the moving parts have insufficient
vertical compliance or the moving mass is excessive. The
trouble is usually eliminated by providing damping pads.
Negative Feedback. The process of feeding back a small
voltage derived from the output of an amplifier and super
imposing it on the input in reverse phase, in order to improve
the linearity of the output waveform and/or modify the out
put impedence.
Neon Tube. A glass tube containing two or more electrodes
and filled with neon gas under low pressure, sometimes used
as an indicator of voltage level. Under the influence of an
applied voltage the gas ionises and glows an orange colour.
Node. A point of minimum or zero amplitude in a stationary
sound wave, or of minimum voltage or current in a trans
mission line or aerial when a standing wave is present.
Noise Level. The level of noise, usually compared with
the signal level in sound reproduction, and expressed in
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decibels. A noise level of —60 dB is barely audible. A level
of —70 dB is desirable for high quality reproduction.
Non-linear. The term applied to the characteristic curve
of an amplifier or circuit element which is other than
straight, so that the output is not strictly proportional to the
input and introduces distortion.
Overtone. See Harmonic. Also Partial.
Pad. A network of resistances or impedances used to couple
two impedances or lines in order to match the output
impedance of one to the input impedance of the other.
Parastat. A device for attachment to the tone arm of a
record player, which cleans the grooves as it tracks and
deposits a thin anti-static film.
Partial. Component frequency of a note, similar to a
harmonic, but with the difference that it is not necessarily
an exact multiple of the fundamental. Partials are produced
by the ringing of bells, but not by organ pipes or bowed
strings.
Peak Value. The maximum instantantaneous value of an
alternating voltage or current or of sound pressure taken
over a period. Also Crest or Maximum Value.
Permeability. See Magnetic Permeability.
Phase. The relationship of one alternating quantity to
another. Alternating voltages or currents or sound waves
are said to be out of phase by so many degrees when one
lags or leads on the other by a fraction of a period. A full
period is 360° or 2tt radians and corresponds to one complete
cycle.
Phase Distortion. The distortion resulting from misphasing of two voltages which occurs during amplification,
or of two sound waves during reproduction.
Pickup. See Ceramic Pickup, Crystal Pickup, Dynamic
Pickup and Magnetic Pickup.
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Piezo-electric. (Meaning pressure-electric, from the
Greek piezein, to press.) The property possessed by certain
crystals, notably Rochelle salt, quartz and barium titanate,
of generating small alternating voltages when set in
mechanical vibration, and conversely of vibrating when
subjected to alternating voltages.
Pinch Effect. The vertical component of motion or pinch
ing of the stylus in disc reproduction, caused by variations
in the width of the groove. During recording the chiseledged stylus cuts a wider groove when turning the peaks of
its lateral excursions than when traversing the slopes. Since
the reproducing stylus has a spherical tip, it rides higher up
the groove along the slopes than at the peaks.
Pitch. The quality of sound which is determined by its
frequency. The position of a tone in the musical scale.
Standard European and American pitch is A=440 c/s.
Positive Feedback. Feedback from input to output in the
same phase. Used in combination with negative feedback
to modify internal resistance.
Post Emphasis. See de-emphasis.
Power Level. The amount of power referred to an arbitrary
zero level, normally 1 mW., and measured in decibels
(designated dBm).
Pre-amplifier. An amplifier designed to boost weak signals
to a suitable level to load the main amplifier. Frequently
embodies tone and volume controls and equalising circuits.
Pre-emphasis. Over-accentuation, usually of treble fre
quencies, in disc recording or broadcast transmission for the
purpose of reducing background noise during reproduction
when they are again equalised.
Presence. The quality of reproduced sound that gives the
illusion of position and direction.
Pressure Microphone. One in which the movement of
the diaphragm and the voltage generated is proportional at
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any instant to the sound wave pressure. Carbon, crystal,
moving coil, some condenser and some ribbon microphones
are pressure operated.
Pressure Pad. A rubber or felt pad which holds a magnetic
tape in intimate contact with the magnetic head.
Pseudo-stereophonic. Simulated stereophonic transmis
sion from a single channel source, usually obtained by feeding
one loudspeaker system direct and delaying the output to a
second loudspeaker system by acoustical or electronic means.
Random Noise. Valve and thermal agitation heard as a
background in sound reproduction, having energy com
ponents distributed at random throughout the frequency
spectrum.
Reflection. The change in direction of a sound wave when
deflected by a non-absorptive surface. The angle of re
flection is equal to the angle of incidence to a plane surface.
Refraction. Bending or change in direction of a wave when
it passes from one medium to another of different density.
Remanence. Residual magnetism in a magnetic material
after the magnetising force has been removed.
Retentivity. The property of a magnetic material of re
taining induced magnetism after removal of the magnetising
force.
Reverberation. A series of sound echoes occurring in rapid
succession, so that they overlap and give the impression of
persistence of the original sound.
Roll-off. The attenuation of the treble frequencies in disc
reproduction and f.m. radio reception to compensate for
pre-emphasis in recording or transmission. Usually the
roll-off frequency is that at which the attenuation is 3 dB.
Root-mean-square Value. The Effective Value or Virtual
Value. The square root of the mean of the squares of all
the instantaneous values of an alternating voltage or current.
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Rumble. Rhythmic growling noise, usually between 20 and
50 c/s, generated by vibration transmitted by irregularities
in the motor drive of a record player.
Saturation, Magnetic. The state reached by a magnetic
material when no further induction takes place as the
magnetising force is increased.
Sequence. A section of recorded magnetic tape that is
unbroken by discontinuities such as titles.
Signal-to-noise Ratio. The power or voltage ratio of
wanted signal to unwanted background noise, expressed in
decibels. For general purposes a ratio of 60 dB is acceptable,
but for high quality reproduction 70 to 80 dB is desirable.
Single Groove Stereo. Stereoscopic disc reproduction by
a single set of grooves, using one cartridge and stylus. See
also 45/45 Recording System and Vertical-lateral Stereo
Recording.
Sone. Unit of sound intensity used in hearing tests. A
tone 40 dB above the threshold of hearing at 1,000 c/s.
equals 1 sone.
Sound Track. The groove of a record or the magnetic
pattern of a magnetic tape which carries the recorded sound
impressions.
Spurious Printing. Magnetic leakage that occurs between
adjacent layers of coiled magnetic tape, particularly the
impregnated type. Also Printing Through.
Squawker. A loudspeaker which reproduces the mid
frequency portion of the audible frequency range, used in
conjunction with a “ woofer ” and a “ tweeter ”, which take
over the lower and upper frequency portions.
Stacked Head. Twin tape heads housed in a single casing
for stereo recording and playback, one head above the other
with their gaps vertically aligned. With left-to-right tape
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transit the upper head records or reproduces the left channel
and the lower head the right channel. Suitable for normal
stereo tape with one channel recorded directly above the
other, but not for staggered recording.
Stage. A single amplifying circuit, including the valve or
transistor and other components.
Staggered Head. Separate heads spaced apart for stereo
recording or playing. For left-to-right tape movement the
left-hand head translates the upper track and the right-hand
head operates on the lower track. Suitable only for tape
recordings staggered to correspond. Now an obsolete
method.
Standard Tone. A tone adopted as standard for test
purposes, e.g. a 1,000 c/s tone.
Standing Wave. A stationary wave of sound or of voltage
or current on a transmission line or aerial set up by addition
or cancellation of alternate half cycles of a direct wave and
a reflected wave. Also Stationary Wave.
Steady State. Having constant amplitude and frequency.
A term applied to a signal or a carrier wave.
5
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Stereocasting. An American term applied to broadcasting
by two sound channels for stereo reproduction. Three
systems have been developed : (a) transmission by two f.m.
transmitters and reception with two f.m. tuners ; (b) trans
mission by one f.m. transmitter and one a.m. transmitter
and reception with an f.m. and an a.m. tuner ; (c) multiplex
transmission by a single f.m. transmitter. One sound channel
is broadcast by a normally modulated carrier, while the other
modulates a sub-carrier. Filters included in the tuner select
the second channel.
Stereophonic. Sound information conveyed by two or
more channels, employing an equal number of microphones
and loudspeakers, to simulate the spatial and directional
relationships of the original sound.
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Stereosonic. The Electrical & Musical Industries system
of stereo recording developed by Blumlein, which makes
use of closely separated directional microphones.
Stroboscopic Disc. A disc marked with sets of radial lines
or dots, which is placed on a turntable or tape recorder to
determine its speed. When the lines appear stationary under
a light flickering at alternating current frequency, the speed
is the same as that indicated by one particular set of lines
on the disc.
Sub-harmonic. A sub-multiple of the fundamental
frequency, e.g. the first sub-harmonic of 20 c/s is 10 c/s.
Supersonic.

Frequencies above the audible range.

Swinger. A record which rotates irregularly because the
central hole is not concentric with the grooves.
Surface Noise. Noise generated by friction between the
stylus of a pickup and the recording groove.
Tape Chatter. Vibration occurring as a result of tape
sticking to the guides of a tape recorder, which causes flutter
in the reproduction.
Tight Drive. A tape drive in which the tape is maintained
under constant tension with a minimum of slack.
Timbre. The musical quality of a tone which depends on
the number and magnitude of overtones or harmonics
present. A few weak harmonics produce a soft mellow tone.
Strong harmonics up to the fifth contribute a richer quality.
The presence of harmonics above the sixth produces a sharp
metallic tone.
Time Constant (of Inductance). The ratio of inductance
to resistance (L/R). The time taken for the current to reach
1-1/e or 63-2 per cent of its maximum value after application
of a voltage, or to fall to 1/e or 36*8 per cent of its full value
when the voltage is removed.
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Time Constant (of Capacitan^i).
The product of
capacitance and resistance (C-R). me time taken for the
current to reach 1-1/e or 63-2 per ce^t of its maximum value
on application of a voltage, or to far to 1/e or 36-8 per cent
of its full value on removing the voyage. The shape of the
response curve for equalising networks is commonly specified
as a time constant. From this the Values of the components
may be calculated directly.
Tonal Balance. Balance between ^ass, middle and treble
frequencies to give uniform response.
Tracing. The to and fro movement made by the stylus in
following the modulation in the groove of a record.
Tracing Distortion. Distortion in disc reproduction intro
duced by the failure of the stylus to follow accurately the
modulations of the groove.
Tracking. The slow movement of the recording or re
producing stylus across the record from the outer edge to
the centre.
Tracking Error. The angular deviation between the path
followed by a pickup, which moves in sun arc across the disc,
and that followed by the recording head, which moves in
a straight radial line. The error varies at different points
along the arc.
Transducer. A device which transforms one kind of energy
into another. Loudspeakers and microphones are electro
acoustic transducers ; pickups and electric motors are
electro-mechanical transducers ; a magnetic tape head is an
electromagnetic transducer.
Transfer Characteristic. A graph of the magnetic in
duction in magnetic tape plotted against magnetising force.
Transient. A fleeting sound impulse accompanied by
a rapid rise and fall of intensity. A-n. electric current of
extremely short duration, having a steep wavefront and no
particular recurrence frequency.
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Tuning Fork. A two-pronged fork used as a frequency
standard of musical pitch, which when struck generates a
pure tone of fixed frequency.
Turn-over Frequency. The frequency below which bass
response is accentuated in disc reproduction to compensate
for attenuation in recording, necessary to economise in
recording space. Normally between 700 and 1,000 c/s.
Tweeter. A treble loudspeaker for the reproduction of
high frequencies in the range of 2,500 to 16,000 c/s.
Velocity Microphone. One in which the movement of
the vibrating element is proportional at any instant to the
particle velocity of the sound wave, e.g. a ribbon microphone.
Vertical-Lateral Stereo Recording. A system in which
one channel is cut vertically and the other laterally in the
same groove. The pickup contains two elements, one
responding to vertical and the other to lateral motion of the
stylus.
Volume Compression. The process of restricting the
volume range in disc recording. Quiet passages are increased
to improve the signal level in relation to surface noise.
Loud passages are reduced to avoid excessive excursions of
the cutter into the groove. See also Volume Expansion.
Also employed in broadcasting.
Volume Expansion. The process of increasing the ampli
fication of loud sounds and reducing it for soft sounds to
compensate for the limitation in volume range necessary in
disc recording or radio. The reverse of volume compression.
Volume Unit. Abbreviated VU. The unit used in the
measurement of programme level. A VU meter is calibrated
in decibels, usually to a zero reference level of 1 mW (dBm).
It is used to maintain a satisfactory sound level and avoid
overloading amplifying equipment, with the consequent
introduction of distortion.
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White Noise. Noise having frequency components ranging
uniformly throughout the audio frequency spectrum, used
in testing sound reproducing equipment for resonances,
frequency response and transients.
Woofer. A bass loudspeaker for the reproduction of low
frequencies in the region of 25 to 2,500 c/s.
Wow. A slow variation of tape or record speed at a rate
less than 20 c/s, caused by irregularities of rotation of the
capstan or turntable.
Zero Level. The reference level of power when expressed
in decibels. 1 mW. into a pure resistance of 600 ohms
(equivalent to 0-775 V. across a 600 ohm load).

INDEX
A.M. tuners, 78 et scq.
Acoustic absorption, 7
Acoustic filters, 160, 187
Acoustic labyrinth, 183
Aerial input circuits, 82, 96
Aerials for f.m. reception, 118
installation of, 121
Amplitude distortion, 20
Amplitude limiter, 100
Amplitude modulation, 91
Attenuation of cross-over networks, 145
Attenuation of equalisers, 67
Attenuators, voltage, 19, 139
Aural sensitivity, 10, 17, 64
Automatic frequency control, 95, 106,
109
Azimuth adjustment, 262
Baffles, 143
Band-pass circuit, r.f., 82
Band-pass filters, 67, 85
Bandwidth, 80, 90
Baxandall tone control system, 70, 75
Bass-reflex enclosures, 159
dimensions of, 162
Bel, 9, 278
Bias/erase oscillators, 246, 251
Bias, recording, 239
Bimorph; 208
Blocking capacitor, 90
Braking, 233
Cabinet construction, 164

Capacitance-resistance networks, 31,
65, 101, 144, 275
Capacitor colour codes, 282
Capacitors for cross-over networks,
148
Capstan drive, 232
Capture effect, 107
Cathode coupling, 35
Cathode follower, 88
Channel combining, 59
Channel reversing, 59
Channel selector, 77
Characteristics, recording, 194
Class B amplifiers, 45
Closed cabinets, 158
Coercive force, 230
Coils for cross-over networks, 148
Colour codes, 281
Combined A.M./F.M. receivers, 112
Common-base connection, 44
Common-collector connection, 44
Common-emitter connection, 44
Compatibility, 116, 117, 226
Complementary symmetry circuits, 47
Compliance, 127, 217, 226
Compression chamber, 174
Cone surrounds, 125, 127
Cones, loudspeaker, 124, 126
Control units, 63
Copyright, 266
Corner cabinets, 166
Cross-over networks, 139, 143 et seq.
Cycle, 3
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Damping, acoustic, 161
Damping, electromagnetic, 158
Damping factor, 55
Damping, mechanical, 194, 206
Decay, acoustic, 7
Decay, current, 56
Decibel, 9, 278 et seq.
De-emphasis, 96
Demodulators, 79, 86, 95, 101
Diffraction of sound, 2
Diode, 86, 102, 270
Dipoles, dimensions of, 120
Directors, aerial, 119
Disc recording, 118 et seq.
Disc reproduction, 118 et seq., 196
Discriminator, 99, 101
Distortion, 17, 55, 128, 133, 137, 146
amplitude, 18, 20
harmonic, 18, 20, 38, 40
intermodulation, 18, 23, 128
in transistor power amplifiers, 50
phase, 18, 26
transient, 18, 25
volume, 18, 26
Dynamic impedance, 130
Editing, tape, 15, 259
Eigentones, 8
Equalisation :
for disc recording, 195
for pickups, 205
for tape recording, 241
level, of loudspeakers, 139
Equalisers, 63, 65, 251
Erase heads, 230, 244, 263
Exponential horns, 169
dimensions of, 172

Fundamental tones of musical instru
ments, 12
Fuses, 270
Gain, 18
Grooves, recording, 190, 222, 225, 227
Half-section networks, 145
Harmonic distortion, 20
Harmonics, 11
Heads, tape, 242 et seq.
Hearing characteristics, 10
Hearing, sensitivity of, 10
Helmholtz resonator, 160
Hill and dale recording, 188
Hole-in-centre effect, 221
Horns, folded, 172
Horns, high frequency, 177
Hum, a.c., reduction of, 31, 96, 216,
261, 269, 274
Hysteresis, 229
I.F. amplifiers, 84, 100
Idler drive, 200
Image signals, 85, 96
Impedance matching of loudspeakers,
139
Impedance, output, 43, 44
Impedance, speech coil, 129
Incidence, angle of, 2
Insertion loss, 63
Intensity of sound, 11
Interference between sound waves, 5
Intermodulation distortion, 23, 128
Johnson effect, 27

F.M. multiplex, 115
F.M. tuners, 91 et seq., 94
Filters:
cross-over, 143
equalising, 63, 65, 195, 205, 242
ripple, 274
tone control, 69
Finite baffle, 157
Fletcher-Munson curves, 9
Flutter, 217, 262
Folded horns, 172
Folded pipes, 180
45/45 system of recording, 222
Foster-Seeley discriminator 11
Frequency band allocations, 78,
Frequency changers, 82, 98
Frequency deviation, 92
Frequency drift, 99
Frequency, fundamental, 11
Frequency of sound waves, 3, 11
Frequency range of loudspeakers, 127
Frequency ranges of orchestral instru
ments, 12
Fundamental frequency, 11
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L.P. records, 192
Level indicators, 248, 251
Listening angle, 220
Logarithmic scale, 8
Longitudinal waves, 1
Long-wave broadcasting, 78
Loudness, 11
Loudness controls, 71
Loudspeaker combinations, 140
Loudspeaker enclosures, 155 et seq.
Loudspeakers, 123 et seq.
column type, 154, 184
directional, 152
distribution pattern of, 152
electrodynamic, 123
electrostatic, 131
omnidirectional, 154
phasing of, 138, 265
placing of, 142, 152
pressure type, 124, 130
rating and efficiency of, 131
ribbon type, 130
stereo, 148 et seq.
M.S.D. stereo system, 227
Magic eye indicator, 107, 249
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Magnetic induction, 229
Magnetic recording, 229 el seq.
Magnetic tape, 229, 234
Magnetic transfer, 238
Magnets, loudspeaker, 125
Mains supply, 269, 276
Mains transformers, 269
Master disc, 188
Medium-wave broadcasting, 78
Microgroove records, 191
Microphones, 253, 256
Modulation index, 92
Motor speeds, 198
Motor-generators, 277
Motors for record players, 196
Motors for tape recorders, 233
Multicasting, 115
Multi-path distortion, 122
Multiple loudspeaker systems, 135 et
seq.
Multiplex systems, 115, 227
Musical scale, 12
Musical sound, 10 et seq.
Natural scale, 12
Needle talk, 216
Negative feedback, 30, 39, 51, 52, 54,
68
multistage, 53
Negative temperature coefficient, 100
Noise, 10, 27, 31, 216, 255, 260
level, 29
n-p-n type transistors, 45, 47
Octaves, 14
Output transformers, 36, 40
Over-recording, 248
Partials, 11
Pentagrid frequency changer, 83
Percivtd system of stereo broadcasting,
Phase distortion, 26
Phase inversion, 59
Phase reversing circuits, 33
Pickups, 203 et seq.
ceramic, 209
crystal, 208, 223
faults in, 211
moving-armature, 205, 223
moving-coil, 209
moving-magnet, 208
ribbon, 210
stereo, 222, 225
variable-reluctance, 206
Pinch effect, 213
Pipe loading, 180
Pitch, 11
Playback heads, 244, 263
p-n-p type transistors, 45, 47
Position indicators, 250
Positive feedback, 55
Power amplifiers, 30 et seq., 35

Power gain, 18
Power supply units, 268 et seq.
Pre-amplifiers, 63 et seq., 251
Precedence effect, 149
Pre-emphasis, 96, 195, 241
Presence control, 72
Propagation of sound, 1
Pulse amplitude modulation, 117
Push-pull connection, 37
Push-pull transistor circuits, 45
Q-factor, 81
Quarter-section networks, 145
R.F. amplifiers, 82, 96
Radiation resistance of loudspeakers,
164, 170
Ratio detector, 104
Recording :
amplifiers, 230
characteristics, disc, 64, 194, 196
characteristics, tape, 240
from a record player, 259
from radio, 257
heads, 191, 192, 242, 263
live, 255
Record/playback amplifier, 230, 250
Record/playback head, 230
Records, 214
care of, 215
storage of, 215
Rectifier circuits, 270
Rectifier data, 273
Rectifiers, metal, 274
thermionic, 270
Reference level, 279
Reflection, angle of, 2
sound of, 2
Reflections, room, 153, 186
Reflector, aerial, 119
Refraction of sound, 2
Remancnce, 230
Reproducing characteristics:
disc, 64, 205
tape, 242
Reproduction, deficiencies of, 17 et
seq.
Resistance-capacitance networks, 31,
65,101,144,275
Resistors, colour coding of, 281
Resonance, 85, 103
loudspeaker, 127, 128, 160
room, 8
Reverberation time, 6
Ringing, 56
Ripple filters, 274
Ripple reduction factor, 276
Robinson-Dadson curves, 9
Rochelle salt, 208
Roll-off, 19, 73
Rotary converters, 277
Rumble filters, 72, 77
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Damping, acoustic, 161
Damping, electromagnetic, 158
Damping factor, 55
Damping, mechanical, 194, 206
Decay, acoustic, 7
Decay, current, 56
Decibel, 9, 278 et seq.
De-emphasis, 96
Demodulators, 79, 86, 95, 101
Diffraction of sound, 2
Diode, 86, 102, 270
Dipoles, dimensions of, 120
Directors, aerial, 119
Disc recording, 118 et scq.
Disc reproduction, 118 et scq., 196
Discriminator, 99, 101
Distortion, 17, 55, 128, 133, 137, 146
amplitude, 18, 20
harmonic, 18, 20, 38, 40
intermodulation, 18, 23, 128
in transistor power amplifiers, 50
phase, 18, 26
transient, 18, 25
volume, 18, 26
Dynamic impedance, 130
Editing, tape, 15, 259
Eigentones, 8
Equalisation :
for disc recording, 195
for pickups, 205
for tape recording, 241
level, of loudspeakers, 139
Equalisers, 63, 65, 251
Erase heads, 230, 244, 263
Exponential horns, 169
dimensions of, 172

Fundamental tones of musical instru
ments, 12
Fuses, 270
Gain, 18
Grooves, recording, 190, 222, 225, 227
Half-section networks, 145
Harmonic distortion, 20
Harmonics, 11
Heads, tape, 242 et scq.
Hearing characteristics, 10
Hearing, sensitivity of, 10
Helmholtz resonator, 160
Hill and dale recording, 188
Hole-in-centre effect, 221
Florns, folded, 172
Horns, high frequency, 177
Hum, a.c., reduction of, 31, 96, 216,
261, 269, 274
Hysteresis, 229
I.F. amplifiers, 84, 100
Idler drive, 200
Image signals, 85, 96
Impedance matching of loudspeakers,
139
Impedance, output, 43, 44
Impedance, speech coil, 129
Incidence, angle of, 2
Insertion loss, 63
Intensity of sound, 11
Interference between sound waves, 5
Intermodulation distortion, 23, 128
Johnson effect, 27

F.M. multiplex, 115
F.M. tuners, 91 et seq., 94
Filters:
cross-over, 143
equalising, 63, 65, 195, 205, 242
ripple, 274
tone control, 69
Finite baffle, 157
Fletcher-Munson curves, 9
Flutter, 217, 262
Folded horns, 172
Folded pipes, 180
45/45 system of recording, 222
Foster-Seeley discriminator 11
Frequency band allocations, 78,
Frequency changers, 82, 98
Frequency deviation, 92
Frequency drift, 99
Frequency, fundamental, 11
Frequency of sound waves, 3, 11
Frequency range of loudspeakers, 127
Frequency ranges of orchestral instru
ments, 12
Fundamental frequency, 11
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L.P. records, 192
Level indicators, 248, 251
Listening angle, 220
Logarithmic scale, 8
Longitudinal waves, 1
Long-wave broadcasting, 78
Loudness, 11
Loudness controls, 71
Loudspeaker combinations, 140
Loudspeaker enclosures, 155 el scq.
Loudspeakers, 123 et seq.
column type, 154, 184
directional, 152
distribution pattern of, 152
electrodynamic, 123
electrostatic, 131
omnidirectional, 154
phasing of, 138, 265
placing of, 142, 152
pressure type, 124, 130
rating and efficiency of, 131
ribbon type, 130
stereo, 148 et seq.
M.S.D. stereo system, 227
Magic eye indicator, 107, 249
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Magnetic induction, 229
Magnetic recording, 229 et seq.
Magnetic tape, 229, 234
Magnetic transfer, 238
Magnets, loudspeaker, 125
Mains supply, 269, 276
Mains transformers, 269
Master disc, 188
Medium-wave broadcasting, 78
Microgroovc records, 191
Microphones, 253, 256
Modulation index, 92
Motor speeds, 198
Motor-generators, 277
Motors for record players, 196
Motors for tape recorders, 233
Multicasting, 115
Multi-path distortion, 122
Multiple loudspeaker systems, 135 et
seq.
Multiplex systems, 115, 227
Musical scale, 12
Musical sound, 10 et seq.
Natural scale, 12
Needle talk, 216
Negative feedback, 30, 39, 51, 52, 54,
68
multistage, 53
Negative temperature coefficient, 100
Noise, 10, 27, 31, 216, 255, 260
level, 29
n-p-n type transistors, 45, 47
Octaves, 14
Output transformers, 36, 40
Over-recording, 248
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Partials, 11
Pentagrid frequency changer, 83
Percival system of stereo broadcasting,
117
Phase distortion, 26
Phase inversion, 59
Phase reversing circuits, 33
Pickups, 203 et seq.
ceramic, 209
crystal, 208, 223
faults in, 211
moving-armature, 205, 223
moving-coil, 209
moving-magnet, 208
ribbon, 210
stereo, 222, 225
variable-reluctance, 206
Pinch effect, 213
Pipe loading, 180
Pitch, 11
Playback heads, 244, 263
p-n-p type transistors, 45, 47
Position indicators, 250
Positive feedback, 55
Power amplifiers, 30 et seq., 35

Power gain, 18
Power supply units, 268 et seq.
Pre-amplifiers, 63 et seq., 251
Precedence effect, 149
Pre-emphasis, 96, 195, 241
Presence control, 72
Propagation of sound, 1
Pulse amplitude modulation, 117
Push-pull connection, 37
Push-pull transistor circuits, 45
Q-factor, 81
Quarter-section networks, 145
R.F. amplifiers, 82, 96
Radiation resistance of loudspeakers,
164, 170
Ratio detector, 104
Recording :
amplifiers, 230
characteristics, disc, 64, 194, 196
characteristics, tape, 240
from a record player, 259
from radio, 257
heads, 191, 192, 242, 263
live, 255
Record/playback amplifier, 230, 250
Record/playback head, 230
Records, 214
care of, 215
storage of, 215
Rectifier circuits, 270
Rectifier data, 273
Rectifiers, metal, 274
thermionic, 270
Reference level, 279
Reflection, angle of, 2
sound of, 2
Reflections, room, 153, 186
Reflector, aerial, 119
Refraction of sound, 2
Remanence, 230
Reproducing characteristics :
disc, 64, 205
tape, 242
Reproduction, deficiencies of, 17 et
seq.
Resistance-capacitance networks, 31,
65, 101, 144, 275
Resistors, colour coding of, 281
Resonance, 85, 103
loudspeaker, 127, 128, 160
room, 8
Reverberation time, 6
Ringing, 56
Ripple filters, 274
Ripple reduction factor, 276
Robinson-Dadson curves, 9
Rochelle salt, 208
Roll-off, 19, 73
Rotary converters, 277
Rumble filters, 72, 77
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Sabin, 7
Scale, equally tempered, 13
natural, 14
Selectivity, 80
Sensitivity of hearing, 10
Sensitivity, receiver, 111
Short-wave broadcasting, 78
Shot effect, 27
4
Signal-to-noise ratio, 29, 261
Simulcasting, 115
Sound intensity, 6, 11
Speech coil, 124, 126
impedance of, 129
Speed changers, 200
Splicing, tape, 259
Splitter, phase, 33
Standing waves, 5
Stereo :
amplifiers, 57, 265
broadcasting, 114
controls, 57
conversions, 61
disc recording and reproduction,
219 et seq.
loudspeaker cabinets, 185
performance, factors affecting, 151
tape recording, 263
Stereosonic system, 220
Stroboscopic discs, 198
Styli:
colour coding of, 283
recording, 189
reproducing, 189, 211, 223
Sum and difference principle, 116,
228
Superheterodyne circuit, 79, 89

Tape, speed, 237
transport, 231
Thermal agitation noise, 28
Timbre, 11
Time intensity principle, 219
Time multiplex, 117
Tolerances for high fidelity record
playback, 218
Tone arms, 196
Tracing distortion, 212
Tracking error, 202
Transformerless output stage, 41
transistorised, 49
Transformers, power, 269
Transistor amplifiers, 44
Transistor output stages, 45
Transient distortion, 25
Transverse waves, 1
Tuning indicators, 107
Turnover frequency, 65, 195
Turntable speeds, 198
Turntables, 199
Twin groove stereo system, 228

Tape, 229, 234
data for, 235
playing times of, 236
recorders, 229 et seq.
recorders, frequency range of, 238
reproduction, advantages and dis
advantages of, 15

Wavelength of sound, 3, 4
Weber’s Law, 8
Wire recording, 234
Wow, 217, 262

Ultra-linear amplifiers, 39
Under-recording, 248
Valve data, 283 et seq.
Valve noise, 29
Velocity of sound, 1
Vertical-lateral system of recording,
222, 226
Voltage amplifier, 31
Voltage gain, 18
Volume distortion, 26

Zero level, 279

314

