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INTRODUCTION
THE OBJECT OF THE EXERCISE

In the last forty years a vast new public has come to appreciate good music
through the technical media of radio and gramophone. This audience starts by
listening to broadcast Promenade Concerts or buying occasional records, and
eventually its more enthusiastic members go along to hear the real thing in
concert hall or opera house. The experience of musical reality often makes a
deep impression, underlining the fact that music reproduced domestically via
loudspeakers is, for most people, very much a second-best business. Neverthe-
less, as techniques have improved and the age of high fidelity has arrived, so
the unavoidable gap between reality and its reproduced illusion has narrowed.
The quality of musical experience possible in the home is now very high and
can offer, in some cases, serious competition to the concert hall itself. This is
in terms of technical sound quality alone, and when other factors are taken
into account, such as the standard of performance, avoidance of audience
noise, and the social and geographical complexity of visits to live perform-
ances, the appeal of good reproduction can be very strong.

However, for many the very term ‘hi-fi’ has unfortunate connotations, being
used in a gimmicky mod-pop way to advertise cosmetics, appearing in gilt
lettering on some tasteless highly-polished radiograms, or evoking visions of
technical fanatics making life intolerable for their families with constant play-
ing of percussion records at high volume and masses of wire and electrical
instruments strewn across the floor. Apart from those for whom the subject
has such off-putting associations, there are many thousands of ordinary
concert-going music lovers who have come across hi-fi only via advertise-
ments. The majority of these have probably not heard a really satisfactory
demonstration of reproduced music, and consequently tend to be sceptical
about the ability of mere equipment to re-create the invigorating experiences
known in concert hall or theatre, recital room or jazz-cellar. Others, perhaps
attending a properly presented domestic gramophone concert, are first taken
aback by the discovery that listening to reproduced music can be a very vital
activity, and then brought to the verge of disbelief when told that the sounds
heard come from ordinary commercial discs and could be simulated in their
own homes via standard hi-fi equipment.

This book is written for all three groups of people in the hope that those
who have not previously done so may be persuaded to seek out and hear for
themselves the high level of musical quality now attainable in a domestic set-
ting. Those who have toyed with the idea of ‘going hi-fi’ but who are deterred
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Introduction 9

from actual purchase by the incomprehensible technicality of many advertise-
ments, leaflets and demonstrations, should also find the following chapters
useful in their efforts to distinguish between ends and means in a field where
music and engineering tend to become confused.

The expression hi-fi means quite simply high fidelity, or a high degree of
truthfulness to the original sounds in the reproduction of music, and those
whose acquaintance with hi-fi and stereo has inclined them to believe that the
business is a commerecial racket have been the unfortunate victims of tech-
nique in the hands of the non-musical. When technicians with some musical
sensibility are really given a chance the results can be most satisfying, and
certainly should not exhibit the strident ‘edgy’ reproduction still assumed by
many to characterise hi-fi but which is avoided when good equipment is used
correctly. Unfortunately there is a strong tradition among manufacturers tend-
ing to emphasise the technical rather than the musical merits of reproducing
equipment, and this bolsters the conviction of the unconverted that the whole
business is a mere hobbyists’ playground. But the music lover’s increasingly
important role as a customer is beginning to influence Sales Managers, so we
can, perhaps, expect a gradual shift of emphasis away from engineering and
towards music.

Music heard in the flesh is a unique experience. Much of the uniqueness is
due to the precise and detailed character of sounds we hear and the nature of
their relationship to the hall or room in which they originated. With adequate
technical resources to hand most of the atmosphere of an original performance
may be caught and recorded to be reproduced later with — in some cases at
least — a quite surprising degree of realism. But the ‘realism’ is, of course, a
subjective illusion helped along by one’s involvement in the music itself, and
for this reason judgements are bound to vary with personal taste and with the
type of music. But at its best the technique of sound reproduction has now
reached the point where listeners can accept and then ignore the obvious and
irreducible differences between reality and illusion, and as a visit to the
concert hall is not always convenient-or possible it is now feasible to provide a
very satisfying substitute at home.

However, there are many music lovers who remain quite content with their
conventional radiograms, record players and transistor radios, accepting a
total distinction between real music and its domestic duplication. Others have
developed a liking for music based entirely on mediocre reproduction of radio
and gramophone records, and have therefore never experienced the many
subtleties of tone-colour on which so much orchestral music depends for its
full impact.
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Although faithful regeneration of a wide range of instrumental timbres is by
no means the sole object of hi-fi, it is certainly its starting point. As the value
of this very first step towards better music in the home is sometimes chal-
lenged, it will be worth digressing for a few paragraphs to examine tone-colour
as an element in musical structure and appreciation.

The first point is that if music merely comprised successions of notes
arranged in varying degrees of contrapuntal complexity, composers would not
bother to specify different instruments for the various parts - apart, that is,
from the need for a wide pitch range. Throughout the history of music, evolu-
tion of instruments and the development of composition have gone hand-in-
hand. In the Baroque period, for instance, composers were acutely aware of
the need for contrasting tone-colours to add variety and interest to concerted
music; concertos by Bach and Vivaldi often progress, movement by move-
ment, through differing groups of instruments, and much of the beauty is lost
if the changes are removed. Later, with the emergence of sonata-form, the
constant reappearance and transmutation of phrases and melodies is aided
enormously by a corresponding instrumental diversity.

Each instrument also demands its own style of writing, and if its correct
tonal character is not produced (or reproduced) the intentions of composers
are not fully realised. Mozart saw the emergence and acceptance of the clarinet
as a serious instrument, and his wonderful Quintet and Concerto (K. 581
and 622) are the first major works to exploit fully this instrument’s lovely
rippling quality. Fortunately, Mozart never had to tolerate poor reproduction
of clarinet tone, but had his patrons always listened to music via radiograms or
record players he may not have felt so inspired by its instrumental possibilities.
Similarly, when Beethoven introduced the trombone to the symphony for the
first time with that thrilling outburst in the finale of the fifth symphony, the
unpact was unique and entirely dependent on the instrument’s particular
character. For that matter, similar arguments apply to the saxophone in the
hands of Ravel, to Wagner’s tubas, and to the bass clarinet in Stravinsky’s
‘Rite of Spring’_ Jazz also has much to do with instrumental qualities, a vital
link with the performer’s feelings often depending on just so much huskiness
from a saxophone or on an exact balance between bite and mellifluence in
expressive trumpet playing.

In fact, the characteristic sounds of various instruments are an essential
part of much Western music, for, in addition to clarifying the texture of com-
plex scores, they each have qualities appropriate to different musical moods.
The lonely sadness of the cor anglais used by Sibelius for the ‘Swan of
Tuonela’, the cascading horns in the finale of Dvorak’s G-major symphony,
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the ecstatic beauty of quiet string playing in Vaughan Williams” “Tallis Fan-
tasia’ ~ in these and a multitude of ather works the total musical effect depends -
as much on the quality of the sound itself as on a succession of notes in the
score. If this were not so we would be content with the piano transcriptions of
classics enjoyed by our great-grandfathers before radio and the gramophone
had opened up a new path to music in the home.

Faithful representation of instrumental qualities is, then, an essential part
of any plan to recapture the rich musical experience of an actual performance.
Withour the full panoply of tone-colours clearly displayed we have, in one
sense, a mere silhouette of the real thing, with the texture obscured and many
subtleties lost.

It is sometimes argued that fidelity in reproduction need be no higher than
is necessary simply to permit differentiation of the various instruments.
Imagine what would happen to the reputation of a conductor who applied
such a modest standard to orchestral players at rehearsal! In practice, geod
string players try to avoid a rough and edgy tone, the brass section aims for
power and penetration without ugly blasting, the oboist hopes to maintain a
sweet and delicate tone without going wheezy or sour, and so on. If such things
matter in the concert hall, why should they be less important at home?

Anything that degrades musical quality, whether it be human or technical,
is worthy of attention, and the following chapters are intended partly for those
whose temperament puts them in sympathy with this rather uncompromising
viewpoint. Less perfectionist readers will not, I hope, give up before conclud-
ing that this business of high fidelity is at least worth investigating. Whether
we like it or not, an increasing proportion of music listening will take place
via loudspeakers in the home; if those who care for music apply the right
standards and make the right demands, this listening revolution need not be
a disaster and could be very fruitful. The technical and musical background to
this process of changing listening habits is related in the following pages, with
the object of introducing ordinary music lovers to what may well be a large
part of their own future.

The book proceeds roughly as follows. First, starting at grass roots, an
arternpt is made to describe the nature of real musical sounds and how our vars
respond to them; then we see which features of these sounds determine the
technical requirements of a recording and reproducing chain. Next comes
some consideration of the basic elements needed for music reproduction, as a
prelude to two sections describing and explaining the requirements for very
high quality sound. These two chapters are the technical core of the book, and
if not absorbed fully at a first reading will form a convenient base for reference
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back as practical points are brought up in later sections. Then comes a funda-
mental question: is the object of music reproduction, figuratively speaking, to
bring performers to listeners’ homes or transport listeners to the concert hall?
This raises the whole matter of music’s acoustic environment, and the sub-
jects of space, ambience and stereophony. The latter receives fairly full con-
sideration, as stereo has proved to be quite the most important single tech-
nical advance in sound reproduction since the coming of the long-playing
record, with more purely musical implications than is commonly realised.
Then some guidance is offered on the choice of equipment, with hints and tips
on judging quality and value-for-money. Installation in the home follows,
with notes on some common pitfalls and problems, and a special concern for
provision of maximum musical enjoyment despite variations in room acous-
tics. Such matters as the fitting and interconnecting of equipment and posi-
tioning of loudspeakers are covered here, making this section the nearest we
shall get to hi-fi as a constructional hobby.

As the main point of high-quality domestic sound is (or should be) to serve
the art of music, the next section deals with choice and care of records and the
use of equipment controls to give pleasing musical results, with some sugges-
tions for those who would like to give planned concerts for friends who may
not otherwise hear good music with anything like its real-life impact. The final
chapter attempts to assess the present state of the art, examine some basic
limitations, take a look at possible future developments, and then delve a little
into the psychology and aesthetics of listening. Consideration of remaining
differences between reality and its reproduction here provides the starting
point for a discussion of various psycho-acoustic problems, leading to some
speculation on ways in which this twentieth century music-in-the-home may
actually provide new types of musical enjoyment and create fresh aesthetic
values.

Despite my intention to write a book which could be understood by previ-
ously non-technical music lovers, some specialised words have been used, and
each such term is defined in a Glossary at the end. I suggest that the reader
refers to this section just as soon as an unfamiliar word raises a barrier to
proper understanding. Where first introduced or when first used in a special-
ist context, the more important or obscure technical expressions will usually
appear in italics. Also, there is a steady introduction throughout the book of
symbols and abbreviations, which are explained or made obvious when first
used and are thereafter employed whenever the text might otherwise become
cluttered with oft-repeated technical phrases. However, to help those reading
isolated chapters. or using the book simply for reference, definitions of these
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and other abbreviations commonly found in audio literature are included in
the Glossary. No mathematics is used and there are no theoretical circuit dia-
grams, though graphs abound as these are able to convey otherwise difficult
relationships in an easily assimilated fashion. The reader unfamiliar with the
graphical approach will, I am sure, find it well worthwhile when tackling a
previously mysterious subject. Magazines or books referred to in the text and
a selection of other books for further reading are given in a Bibliography, and
manufacturers whose products are mentioned are also listed.

Being published in Britain, an assumption is made at one or two points in
the book that the reader is resident in the U.K. However, all the basic informa-
tion and descriptive material is relevant to high-quality domestic music re-
production anywhere in the world, and readers in North America, Australia,
New Zealand and English-speaking Africa will find 95 per cent of this course
in hi-fi equally applicable in their own countries.



1. WHAT ARE MUSICAL SOUNDS?

MUSIC REPRODUCTION may be likened to a journey from reality to
illusion via a number of technical stages. The reality consists of actual sounds
emitted by musical instruments blown, plucked, scraped or struck by hard-
working musicians in a hall or studio. The illusion exists in the minds of
listeners and, if perfect, comprises subjective aural impressions identical to
those obtained by sitting-in at an actual performance. In so far as the impres-
sions are identical, the path taken may be considered circular, with the
traveller arriving back at the starting point. In practice, of course, start and
finish are never exactly coincident: the route is not a true circle and there is
some blurring of the reproduced image - rather as in a poorly focused photo-
graph.

" Deviations from perfection arise because of the immense range and com-
plexity of real musical sounds, and as these sounds are the raw material of
domestic high fidelity, this chapter is concerned with their fundamental
properties and how the ear responds to them. It is hoped seldom to lose sight
of this elemental musical foundation stone, for though music is an abstract,
non-representational art, its subtleties depend entirely on minute sonic details.
A journey beginning and ending with music should not at any point become so
abstracted that all musical significance is lost in a maze of technical specifi-
cations.

However, before tackling musical sounds as such it will be as well to clarify
the simple word ‘sound’ itself, as it has two basically different meanings, one
objective and the other subjective. The first is concerned with physical vibra-
tions which may be classified and explained in scientific language; tk. = second
usage refers to what we hear - the actual aural experience corresponding to,
but not the same as, the measurable external disturbances. We shall be jump-
ing from one to the other very frequently in this book, so the reader should be
alert to the distinction between acoustic sound (vibrations) and mental sound
(sensations). A deaf person might understand and remember an exhaustive
mathematical analysis of a C-major chord, but this would bring him no nearer
to the subjective experience of hearing one. ‘

Sound (objective) consists of physical palpitations — commonly in the air,
but not necessarily so. These vibrations are very rapid by everyday standards.
For the lowest note on a piano the string oscillates back and forth 275 times in
one second, while the highest note represents over 4,000 such motions. The
number of complete to-and-fro movements, or cycles, per second is called the
frequency, one cycle per second being represented by the unit called a Hertz

14



What are Musical Sounds? 15

(Hz). Whatever the instrument and however high or low the frequency, once
the surrounding air has been set in motion the vibrations travel outwards as
pressure-changes. It may be imagined that a vibrating object alternately pushes
against and moves away from the surrounding air molecules, thus compressing
or rarefying the air according to its own pattern of motion. This is represented
in fg 1, which shows how the air might look if we could see the pressure
differences at a given instant. Once generated in air, these pressure-changes
constitute sound-waves that move away at a speed of about 1,130 feet per
second. The word ‘waves’ arises because of an analogy with ripples on the sur-
face of a pond, where it can be seen that successive peaks or troughs are more
closely spaced for rapid undulations than for slow ones. With sound-waves
the corresponding points of high or low air pressure (acoustic peaks or
troughs) are also closer together for high frequencies than for low, the actual
distance for one cycle being known as the wavelength (see fig. 1). It is con-
venient to remember that the wavelength in air of the standard A (440 Hz) is
just over 21 feet, a distence that doubles for each octave down and halves for

each octave up.
"\ 1
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Fig. 1 Sound-waves travel away from a vibrating object as a pattern of pressure
differences in the air.
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But the analogy with waves on water must not be overstretched, for whereas
these carry energy outwards as expanding rings on a plane surface, sound-
waves move out in all directions more in the manner of expanding spheres —
apart from some special cases where the sound tends to ‘beam’. When musical
instruments are played, an incredibly complex and constantly changing pat-
tern of ever-expanding sound-waves is generated, to pass, perhaps, a pair of
ears or a microphone which responds in a manner not unlike the floating cork
on a pond that bobs up and down in sympathy with sundry ripples. These
elusive and transitory tremors in the air are not themselves music - they are
subtle sonic messengers created by brass, wood, steel, gut and skin from the
muscular, nervous and mental efforts of performing musicians. The message is
conveyed to the listeners’ ear drums, where by a complex acoustic and
nervous process not yet fully understood the sound-waves create nervous
pulses which enter the brain. Then mind comes into the picture and we hear
the sound (subjective) as music.

‘What we hear depends on the precise nature of the sound patterns travelling
through the air, and as this is the link in the music-making chain where the
message is intercepted by microphones for recording or broadcasting pur-
poses, we shall take this as our reference point for a look at musical sounds.
The pure sound-waves themselves may be related to known and remembered
sound qualities on the one hand and to their method of generation in musical
instruments on the other.

Beneath the formal superstructure of music we perceive the four basic
elements: rhythm, melody, harmony and counterpoint. Similarly, we can
usually ascribe four characteristics to the instrumental ‘voices’ themselves,
whatever parts they may be allotted by the composer in the musical scheme.
Thus a violin produces notes of recognisable pizch at a certain Joudness in rela-
tion to what has gone before; its zome-colour is distinct from that of other
instruments, and it is played in a particular room or hall that adds its own
acoustic colour or ambience. These four features apply to all musical sounds
except a few without precisely identifiable pitch emanating from the percus-
sion department. But the exceptions prove the rule, for without notes separ-
ated by distinct intervals of pitch there can be no melody or harmony, and
pitchless rhythm, however colourful, cannot continue for long and still be
thought attractive by most people reared in the European musical tradition.
So pitch and its intervals are the first things to consider in a survey of musical
ingredients.

Pitch is what we hear and describe loosely as ‘low’, ‘medium’ or ‘high’ -
vague language representing fairly accurate impressions enabling us to place
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notes in the musical scale. Some instruments cover limited ranges of notes

only, while others — such as the piano or harp — are more versatile. Fig. 2

illustrates the pitch coverage (in some cases only approximate) of the principle

orchestral instruments and some voices, shown in relation to the piano key-

board and printed stave. We have already noted the wide frequency span of

musical sounds, and the horizontal scale along the bottom of fig. 2 with lines

extending vertically through the various instrumental groups gives this in

Hertz and thousands of Hertz. In addition, the individual frequencies of all
the white piano notes are given beneath the stave.

It is obvious from this diagram that what we hear as pitch is related very
definitely to frequency, deep sounds going with low frequencies and high ones
with high. Further study of the drawing shows also that the band of fre-
quencies covered by an instrument is related very much to its physical size.
The string bass, for example, extends from 41-2 Hz to 196 Hz, where its much
smaller but similarly shaped relative the violin takes over and goes up to
2,637 Hz. For readers to whom notes come more easily than frequencies, these
spans correspond to E; — G, and G, — E? in the equally tempered scale, using
the rationalised notation marked beneath the keyboard in fig. 2.

The question of size and frequency takes us a step further in our enquiry
into musical sound, for now we touch on the basic principles underlying all
instrumental behaviour. We have seen that sound consists of rapid fluctuation
of pressure in the air, but these oscillations originate either from vibrating
objects ‘coupled’ to the air in some way or from enclosed volumes of the air
itself. The original vibrations, whether of air-columns, stretched strings, reeds,
diaphragms, metal tubes or wood blocks, are generated by resonance, a charac-
teristic whereby objects satisfying certain mechanical requirements tend to
vibrate or oscillate at specific frequencies if ‘excited’ from outside. In most
cases, because of the underlying physical properties of resonance, the lower
the desired frequency the greater the necessary size of an instrument.

Stringed instruments are the most important group employing ‘vibrating
objects’, and as for a practical range of string tensions and suitable loudness of
tone the strings need to be longer and thicker for lower frequencies, this in-
evitably makes the double bass larger than the violin. Similarly, the bass drum
has a larger skin than the timpani, and the relative massiveness of harp and
piano is determined by the lowness of their bottom octaves.

In wind instruments the frequency of a note depends mainly upon the
effective length of a resonant air-column, for as the speed of sound in air is
fixed (more or less) and the duration of each cycle of vibration or pressure-
change must become greater as the frequency is lowered, it follows that the



What are Musical Sounds? 19

air-columns - and with them the sizes of instruments — become larger as one
probes more deeply into the bass. To take two woodwind extremes, piccolo
and contra-bassoon have approximate total air-column lengths of one foot
- and 16 feet respectively, for bottom notes of 587:3 and 29-1 Hz. This is
another way of looking at the wavelength idea mentioned earlier, for in fact
the effective air-column length in woodwind instruments often corresponds to
a half-wavelength for the note being played, and a simple inverse length/
frequency relationship must hold.

Returning to fig 2, it is evident that most musical instruments with definite
pitch come well within the range of the piano keyboard. Indeed, apart from
the piccolo, which transgresses upwards by a mere two semitones, only the
organ explores the extremes. At 16-35 Hz, the note C, is not only the lowest
normally found in music (a few freak organs go down to C; and up to CF), but
is very near the practical limit of human hearing in the downward direction.
Below this one begins to sense the separate cycles or pressure changes, rather
as in cinematography the individual pictures cease to merge into a moving
pattern when projected at a similarly low repetition rate. At the other end, C°
(8,372 Hz) is heard as a distinct but extremely high note by most people,
though in practice organists would normally use the top octave for harmonic
enrichment only, not for melodic lines.

The frequency ranges of some pitchless percussion instruments are indi-
cated by thick dotted lines in fig. 2. The triangle, cymbals and snare drum are
shown as extending to 15,000 Hz - the approximate upper limit of human
hearing for most people — but they are not unique in this. The solid lines show
only the range of fundamentals on other instruments, with finer broken lines
representing overtones or harmonics that extend well beyond the upper notes
themselves.

In the limit, then, musical pitch can extend over a frequency ratio of 500:1,
corresponding to the full chromatic range of 109 semitones in the span of nine
octaves between C, and C®. With the commonly used equal temperament
scale, the frequency difference between each successive semitone is just under
6 per cent, and when allowance is made for inevitable mis-tuning ir practical
music-making, and for the fact that many instrumentalists drift away from
tempered intervals when playing alone, it is apparent that actual musical notes
may crop up anywhere in this enormous range. In practice we can be a little
more conservative, especially if the very largest organs are excluded. In
orchestral music the range of fundamental notes is confined to 29-14 Hz
(A, - contra-bassoon and Wagnerian contra-bass tuba ) at the bass end, and
4,698-6 Hz (D* - piccolo) at the top.
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But so far we have investigated only one of the four aural features that
characterise musical sounds, and as we examine tone-colour it will be evident
that a simple statement about pitch or frequency — particularly in the deep
bass - is not adequate for an understanding of how or what we hear. Simi-
larly, we shall see that both pitch and tone-colour depend upon loudness,
which in turn becomes involved with ambience.

Apart from pitch, every musical sound has an individual character loosely
categorised as tone-colour or timbre. Instruments playing the same note pro-
duce different sounds - if they didn’t composers would not be bothered with
orchestration and music would be a less important art. Reference to fig. 2
shows that all the major tuned instruments except the contra-bassoon,
piccolo and double bass may be used to play middle-C (261-63 Hz), yet if each
instrument in turn produced this note before an audience of blindfolded
concert-goers it is likely that most listeners would at least attribute the sounds
to their correct instrumental families. The viola might be confused with
violin or cello, oboe with cor anglais, and French horn with trombone or tuba,
but use of an alternative common note or a slight change of loudness would
soon sort things out.

In addition to the basic tonal differences between the various orchestral
sections, each instrument has its individual range of tone-colours varying with
pitch, loudness, style of playing, or all three. To take an extreme case, the
French horn may produce a round, mellow sound or - the player pushing his
fist firmly into the bell and blowing hard - a strident, brassy, attention-
attracting noise. Two horns playing the same notes in these different styles
have little in common but pitch, a fact noted and used by many composers in
the search for colourful musical expression.

Less dramatic but very important variations may be found in the sound-
qualities of nearly all instruments. A violin, for instance, may be bowed near
the bridge or near the finger board ; it may be muted, plucked, or struck with
the wood of the bow; the bow may be bounced rather than drawn across the
strings ; the player may sound harmonics or — by quivering his bow - create
tremolo effects; and by double or triple stopping it is possible to produce
chords. All these modes of playing result in separate sound qualities distinct
from that associated with simple bowing of a single string, and all are used by
composers for various musical effects. When, too, we remember that for much
of the time string players waver their pitch by means of vibrato, and that in
a symphony orchestra there may be up to thirty violins playing at once, it is
obvious, before we even begin to think about the acoustic facts underlying the
aural impressions, that musical sounds are enormously rich and complex.
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What produces this richness, even in individual instruments? Why, when a
trumpet, violin, soprano voice, flute and harp all sound the same note, do they
sound it so differently? The answer has two parts. Firstly, an apparently
simple, single note is made up from various constituents — usually a vibration
corresponding to the pitch of the note itself (the fundamental) plus sundry
overtones and other colorations. Secondly, a note must start, continue and
finish, and the rapidity of beginning and end, steadiness or otherwise of the
middle portion, and change of overtone content while the note is sounding -
all these features affect tonal quality.

Let us start with overtones. We have conceived sound as vibrations in the
air at particular frequencies, created in many musical instruments by mechan-
ical devices such as strings or reeds buzzing back and forth. Imagine this
oscillatory process slowed down to the tick-tock rate of a pendulum clock, and
picture the pendulum itself — with a pen attached at the bottom - tracing a line
on a moving band of paper as in fig. 3. The simple, steady motion produces a
pattern of the sort illustrated, known technically as a sine-wave because of the
mathematical law that it follows. If the pendulum swings at twice the fre-
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Fig. 3 Motion of an oscillating pendulum recorded on moving paper reveals a sine-wave
pattern. Any sound or vibration, however complex, has a corresponding graphic wave-
form. .
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quency, the vibration-curve or waveform will be more cramped as shown, but
otherwise the basic shape is retained. The moving paper represents passing
time, and each complete motion of the pen from the central position out to
one extreme, across to the other side and then back again to the centre-line,
constitutes one cycle. The prongs of a tuning fork move in a similar fashion,
but at an audible frequency, transmitting sound to the surrounding air. As the
sound-waves pass any particular point the air pressure moves up and down at
the same frequency, and if a microphone is placed near a tuning fork and the
resulting signals are displayed on an appropriate electronic device, a sine-wave
pattern like those in fig. 3 will appear. There is a connection here with the
sound-waves depicted in fig. 1, for the points of high and low pressure corres-
pond to the upward and downward peaks respectively, while undisturbed air
would be the equivalent of the dotted straight centre-lines in fig. 3.

In musical reality sounds seldom have this pure uncomplicated quality, as
vibrating objects tend to move at several frequencies at once. A simple string,
for instance, may oscillate as a whole or in parts which are simple fractions of
the whole. Fig. 4 shows several such modes, which could all be operating to-
gether, and some of which a skilled violinist could use in isolation, playing
harmonics on their own to extend the effective range of his instrument well
beyond the modest upper limit of E3 shown in fig. 2. If we consider air pres-
sure in a tube instead of string movements, the situation depicted in fig. 4

STATIONARY
STRING

FUNDAMENTAL
(FIRST
HARMONIC)

SECOND
HARMONIC

THIRD
HARMONIC

FOURTH
HARMONIC

FIFTH
HARMONIC

Fig. 4 Some modes of string vibration, exaggerated for clarity.
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could apply equally well to wind instruments. With uniform media such as
strings or air columns, these additional vibrations — or partials — tend to in-
volve fairly exact fractions of the total length, and in consequence their fre-
quencies are usually simple multiples or harmonics of the fundamental note.
It is partly because of this harmonic relationship that a note rich in overtones
is still heard as a single sound - the character of a note may change from one
instrument to another, but the partials do not fall apart. Practical strings rarely
adopt in isolation any of the modes shown in fig. 4: many harmonics will
usually be generated together, the proportions changing from instrument to
instrument, from note to note, from one loudness to another, and frequently
from moment to moment within one note. The actual waveforms of super-
ficially simple musical sounds are therefore rather complex and ‘spiky’, the
precise formation providing some of the answer to our question about the ori-
gin of tone-colour.

Fig. 5 shows a typical example, together with an harmonic - or Fourier —
analysis revealing the contribution made by each partial to the overall wave-
form. This one breakdown involves fairly elaborate graphical or electronic
procedures to reveal the structure, or acoustic spectrum, of a single cycle from
one note played in one of many styles by one of many possible musicians on
one instrument. With percussive sounds of indefinite pitch the vibration-
curves are even more involved, as the cyclic pattern corresponding to a specific
frequency is missing. However, although the variations and complexities
might daunt a scientific investigator, there are some useful general rules which
help understanding of instrumental sound qualities in terms of overtone struc-
ture.

Bowed strings are generally very rich in harmonics - rich in the sense that
nearly all the possible multiples of the fundamental note are present in dimin-
ishing amplitude right up to or beyond the twelfth in the harmonic series. The
precise proportions depend on the manner of bowing from instant to instant,
and when the various special techniques mentioned earlier are taken into ac-
count we can understand why the ear generally finds the string family less
tiring than the woodwind or brass. The woodwinds themselves work by exci-
tation of the natural resonances of air columns in tubes, the important varia-
tions being in the method of setting the sound-waves in motion. In the flute
and piccolo, simplest of woodwind instruments apart from their forerunners
the recorders, the player’s breath is directed in oblique fashion at the edge of
a wind-hole in such a manner that changes of pressure cause the air column to
vibrate. The flute is unusual in having relatively weak overtones, only the
second harmonic and sometimes the third contributing appreciably to the tone
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Fig. 5 Complex waveform and its harmonic analysis, showing how an apparently
irregular pattern is really the sum of a series of sine-waves.

quality — apart, that is, from frequently very audible breath noises which the
ear cannot always separate from the tone itself. The first harmonic, incident-
ally, is not normally named as such in acoustics because it is simply the funda-
mental itself.

Other woodwinds employ cane reeds to excite the air columns, the clarinet’s
combination of single reed and cylindrical bore giving an easy, bubbling
sound characterised acoustically by exceptionally weak lower even-numbered
harmonics, a strong third, and significant energy between the eighth and
eleventh partials. The oboe and cor anglais, double-reed instruments with a



What are Musical Sounds? 25

tapered air column, have a bitter-sweet tone difficult to pin down in terms of
harmonics and apparently dependent on a natural emphasis of certain fre-
quency bands regardless of the actual notes played. This means that whenever
a note’s harmonics fall within these bands these are the overtones that are
most important. This characteristic is known as a formant, also noticeable in
the bassoon, whose folds and lower rate of taper combine with a double-reed
to produce yet another set of tone qualities.

Whereas woodwind instruments use the natural fundamental resonances of
air columns to produce their notes, with the tone-colour enriched by whichever
harmonics happen to turn up, the brass family leans heavily on the harmonic
modes themselves for production of the wanted notes. We have seen that
strings and air columns will resonate at a number of harmonically related fre-
quencies, and in the case of trumpets, trombones, horns and tubas the player
uses his lips as ‘reeds’ to excite harmonics corresponding to the required notes,
adding extra lengths of tubing as needed by means of valves or slides. Thus the
character of the resulting sound depends somewhat upon the player’s tech-
nique, the more permanent features of brass tone being related to the various
proportions of bore and bell, and to different shapes of mouthpiece. The two
types of French horn tone already mentioned are paralleled in the trombone
by the overpowering majesty of brazen fortissimos on the one hand, and the
solemnity of quite chords on the other. Even the trumpet can be strident or
smooth to order, though the tuba is generally more consistent except when
used to poke musical fun. As with other instruments, much (although not all)
of the variety in brass tone-colour can be traced to the balance of overtones in
the acoustic waveforms; but in this case the partials are usually ‘harmonics of
harmonics’ instead of harmonics of the fundamental air-column note itself.

Some interesting points concerning the upper and lower frequency ex-
tremes arise from the harmonic nature of musical waveforms. We saw from
fig. 2 that nearly all actual notes occur at frequencies below about 4,000 Hz,
but the dependence of tone-colour on overtones above the fundamental means
that components contributing character to musical sound exist at much higher
frequencies. Consequently the bulk of instruments produce significant sound
elements up to 10,000 Hz, and many go beyond this to the limits of human
hearing, as shown by the broken lines in fig. 2. Also contributing sound at
these very high frequencies are the inevitable buzzes and creaks, hisses and
squeaks which accompany the intended notes, while percussion instruments
such as cymbals, snare drums and triangle produce complex sounds without
definite pitch but with marked concentrations of acoustic energy in a frequency
region that is otherwise almost devoid of fundamentals.
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At low frequencies the rich harmonic make-up of musical sounds combines
with a certain characteristic of human hearing to produce a curious pheno-
menon. The bottom note on the piano has a frequency of 27-5 Hz and when
it is sounded we certainly hear A,; but harmonic analysis of this note as pro-
duced by typical pianos reveals an almost non-existent fundamental tone, -
nearly all the energy appearing in the harmonics. The note A, is therefore
created in the listener’s mind because the ear tends to fabricate a note when a
number of the tones in its associated harmonic series are present; in other
words, the ear somehow picks out a note corresponding to the difference be-
tween successive harmonics, and this, of course, is the same as the fundamen-
tal itself. It happens that all the lower harmonics are very powerful in the
piano, thus helping the ear to compensate for the weak fundamental. The
actual tonal quality would be quite different if the 27-5 Hz component were
relatively strong, but only deep organ pedals can do this at such low frequen- -
cies, and many orchestral notes falling within the piano’s bottom octave de-
pend to some extent on the ear’s capacity for filling in the pitch of the funda-
mental. We shall return to this feature of low frequency sounds later, as it
naturally has a bearing on technicalrequirements for bass reproduction.

So far, this examination of tone-colour has concentrated on overtones and
their proportions; but this is only part of the picture, for we judge instrumen-
tal quality by listening to successions of notes which have beginnings, middles,
ends and transitions from one to another. That the shape of a note influences
its subjective quality is easily proved by an experiment with a piano and two
tape recorders. If piano notes are played and recorded in the normal fashion
and the tape is then replayed backwards (achieved by recording on a half-track
machine, inverting the tape, and playing back via the lower track on a quarter-
track model), the resulting sound is totally unlike anything ever heard from a
piano. In a piano the strings are struck suddenly and the tone dies away
gradually, but when the pattern is reversed the sound builds up from nothing
to a sudden cut-off in a most weird fashion. The effect has been described by
G. A. Briggs* as sounding ‘like a home-made harmonium suffering from
anaemia and groaning in agony’. So here is a case where overtone structure is
subsidiary to artack, as it it is in all percussive devices and in plucked instru-
ments like the harp, guitar and harpsichord. The characters of other instru-
mental sounds are not so drastically dependent on the mode of starting,
though if the beginnings of notes are removed by cutting tape-recordings it
is not always then possible to recognise otherwise easily distinguished instru-
ments.

* Musical Instruments and Audio, page 47.
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But whether or not the beginnings are crucial, their shapes are still import-
ant, a multitude of different tonguing, lipping, plucking, hitting and bowing
techniques all contributing to tonal diversity. This is emphasised by the rela-
tive failure to fabricate really convincing instrumental sounds by purely har-
monic means. The various organ stops labelled with the names of other instru-
ments sometimes offer fair imitations — but a listener would rarely be fooled.
In other words, the harmonic series provides only a framework or scaffolding
for instrumental tone-colour, and a number of other complex factors play im-
portant parts.

In fact, quite simple sustained notes on an instrument like the flute may
vary enormously in both amplitude and harmonic content from moment to
moment or even from one cycle to the next. Dr. W. H. George, one-time head
of the department of physics at the Chelsea College of Science and Tech-
nology, and an authority on musical sounds, has conducted many investiga-
tions into the actual behaviour of instruments, and in fig. 6 we see two of his
pictures showing low and high flute notes. The individual cycles are just per-
ceptible, the changing darker bands on the low note indicating variations of
harmonics. The length of time for each of these examples is under half a
second, yet the fluctuations are considerable. Pictures of this sort could be
produced for most instruments, the changes in shapealong the length of notes
—and in the rise and fall at beginning and end - throwing yet more light on the
not-so-simple subject of musical timbre.

N R T T e

Fig. 6 Two photographed vibration-curves of flute notes. On (a), a low note, we see
variations of harmonic content in addition to changes of amplitude, while the higher note
(b) exhibits severe fluctuations of level (photo courtesy of Dr. W. H. George).

A major element influencing the tone-colour of stringed instruments is the
coupling provided to transfer sound energy from the strings to the surround-
ing air. A thin string vibrating on its own between absolutely rigid supports is
unable to displace much air, because as it oscillates the air particles slip past
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without appreciable disturbance and very little change of pressure occurs to be
radiated away as sound. This limitation is overcome in the violin family by
using a bridge to transfer the vibrations to the soft-wood belly and thence via a
sound-post to the hard-wood back of the instrument. The relatively large area
of the instrument’s body acts as a more efficient sound radiator than a lone
string, and the enclosed volume of air and various wooden parts have their
own natural resonances which add colour to the final sound. It is well known
that some types of violin are desired for their tonal qualities, which depend on
quite minute differences of shape, finish, maturity of wood, etc.

Acoustically, the varieties of string-tone between various instruments
played by the same performer arise from the many ways in which everything
that is not just strings and bow adds its own little series of resonances-or for-
mants to the already complex string vibrations. It seems that violins have an
important group of formants between about 3,000 and 6,000 Hz, but that good
old Italian instruments are characterised by a fairly even distribution of reson-
ances within that band, whereas inferior violins tend to have a few rather
strong isolated regions of tonal accentuation at high frequencies.

The sounds of the 47 harp strings are similarly enhanced and modified by a
large resonant cavity in the underside of the triangular frame that rests against
the player. The piano also depends for the fullness of its tone upon a large
sound-board, and notwithstanding the markedly non-resonant character of
this in comparison with, say, the body of a cello, it is still notable that no two
pianos sound the same.

Similar considerations apply to many wind instruments, as the actual con-
duits containing the air columns may also vibrate despite their rigidity and
massiveness in comparison with the enclosed air. It is interesting, for instance,
that players can distinguish between the sound qualities of wooden and metal
flutes. Another complication with the woodwinds is that vented air columns
do not resonate in an exact theoretical fashion, the ‘unused’ parts of the
columns beyond the operated vents adding a quote of coloration to the sound.
Thus still more formants join the queue of tone-colour contributors.

The question of formants brings us naturally to the human voice. Evolved
to communicate meaning rather than pitch, this instrument leans very heavily
on tone-colour as determined by formants in the production of vowels. The
larynx-tone itself, generated by vocal folds (commonly misnamed ‘cords’)
interrupting the air flow from the lungs, is extremely rich in harmonics. But
this rather ‘spiky’ sound has to pass up the pharynx and via the mouth and
nasal cavities before reaching the outside air, and these various air volumes act
as resonators to favour certain frequency bands. The actual formant regions
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vary with the shape of the mouth and positions of tongue and epiglottis ac-
cording to the sounds being uttered or sung. Because no two humans are the
same shape and size, each voice has its own unique tonal quality quite apart
from questions of pronunciation.

Apart from the significance of shape and attack in individual notes, we have
not yet considered the vital matter of loudness. Practical music may be played
at any level between ppp and fff, but we must try to pin down these musical
terms with more precise language in readiness for the sorting-out process in
the next chapter. According to some classic investigations conducted by the
Bell Telephone Laboratories (U.S.A.) many years ago, sound-power or inten-
sity produced by musical instruments varies between extraordinarily wide
limits. A 75-piece orchestra at its very loudest created the acoustical equiva-
lent of 70 electrical watts, while a solo violin playing very quietly produced
only 0-0000038 watt — an intensity ratio of 18 million to one, corresponding to
a sound-pressure ratio of 4250:1 (for the technically minded, one is the square
root of the other). Differences of this order are somewhat difficult to manage
in calculations, but fortunately our ears oblige by sensing the proportional
changes of sound level rather than the absolute levels; in technical language,
this means that they respond logarithmically. The outcome is that each time
the sound intensity is doubled we hear an equal change of loudness, even
though one such change might be from one to two violins and another from
one to two similar brass bands. This is analogous to our hearing of pitch inter-
vals, as, for instance, G; — G, gives the same subjective change as G - G2 des-
pite the fact that one gap contains only 49 Hz and the other 1,568 Hz. It is for
this reason that the approximately linear arrangement of semitones on the
piano keyboard is directly equivalent to a logarithmic frequency scale (fig. 2),
the latter serving to compress a wide frequency range into something corres-
ponding to our musical impressions.

Returning now to sound levels, a convenient unit called the decibel (dB)
performs a similar compression task by translating the orchestral sound in-
tensity ratio of 18 million into 721 dB. Other measurements and calculations
in recent years have tended to confirm this extreme dynamic range of around
70 dB, though in practice it appears that a range of 60 dB is rarely exceeded
except on the most massive musical occasions involving large choirs and much
brass and percussion. It is important to remember that this 60 dB is a ratio of
loudest to softest and not a measure of actual sound levels. However, to con-
fuse matters the decibel is also used to indicate sound pressure above a refer-
ence point corresponding to the threshold of hearing, though this threshold
changes with frequency, hearing generally being most sensitive in the region
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of 3000 Hz. At very high sound pressures we reach the threshold of pain,
where discomfort or feeling take over.

The place of music within these boundaries is shown in fig. 7, where the
72 dB dynamic range is accommodated between 30 and 102 dB on a vertical
scale with zero corresponding to the standard nominal lower threshold. Use of
the horizontal scale gives the distribution of sound energy according to fre-
quency within the shaded area, the boundaries of this being approximate only
and representing the significant limits for most purposes. Also included for
reference are the corresponding ratios of sound intensity and average sub-
jective loudness, both referred to the lower music level of 30 dB. Note that
each increase of 10 dB (at, 1,000 Hz) doubles the loudness. The lower musical
limit of 30 dB above threshold refers to what may be attained in exceptionally
quiet surroundings with intimate chamber music; but in the concert hall the
irreducible audience and other background noise is usually at a higher level,
tending to mask quiet music, so that performers respond accordingly by play-
ing a little louder. These factors, together with the position of the average con-
cert hall seat, mean that the musician’s ppp often corresponds to approxi-
mately 40 dB (above lower threshold) at the listener’s ears. The reader should
not worry about how the decibel is derived — a mathematical operation beyond
the scope of this book - bu:t it is important to grasp that any information given
in decibels necessarily uses some reference level, either directly or by impli-
cation. In audio, the standard lower hearing threshold (corresponding to an
agreed physical sound pressure) is commonly used for 0 dB, and if any sound
is said to have an nzensity of 60 dB, this usually means 60 dB above the stand-
ard zero; whereas music with a range of 60 dB may well have its lowest point at
40 dB intensity and would therefore reach a maximum level of 100 dB. Be
alert to these superficially different uses of the decibel, which is essentially a
device for indicating the ratio of one quantity to another and is not a tangible
measure like the watt or an ounce weight.

Nearly all music uses contrasts of loudness as part of its stock-in-trade, and
as the orchestra grew and the Romantic period followed the Classical the
dynamic range available to and demanded by composers expanded towards its
present-day magnificence. Up to the time of Mozart the maximum range was
around 40 dB, but as the trombones, bass drum, cymbals and tubas crept in -
the level went up, until today’s expanded post-Wagnerian orchestras — with
much additional percussion — can produce quite awe-inspiring sounds at the
flick of a baton. This does not mean that twentieth century music is all loud-
ness and noise, for though Mahler’s ‘Symphony of a Thousand’ and, say,
Prokofiev’s fifth symphony might raise the roof by momentarily reaching
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levels of 100 dB or - for listeners near the front — perhaps 105 dB, one can
find many passages of quiet, limpid beauty. The hush as the dying chorus
fades into nothingness at the end of Holst’s “The Planets’ — the audience almost
holding its breath — is probably the most effective example of large-scale con-
cert hall music descending to a sound level of 40 dB or even lower. But one
can find endless illustrations of dynamic range in music, all of which make their
point in practice without any thought of decibels or acoustics. It is as well to
remember, however, that musical sounds are complex enough from considera-
tions of pitch and tone-colour alone, so that adding a possible intensity range
of nearly 20-million-to-one (albeit reduced to 4000:1 in terms of sound pres-
sure and then simplified by a 72 dB label) makes the eventual task of repro-
duction no easier.

Another important aspect of loudness is its frequency-dependence. The
change of hearing threshold with frequency has already been mentioned and
appears as the curved bottom boundary in fig. 7. From this it is apparent that
the ear needs higher sound levels at the extremes, particularly at low frequen-
cies, to produce a just audible sensation; conversely, if we move far enough
back from the concert platform or operatic stage for the frequency extremes of
some musical sounds to fall below the threshold line - or to a level where they
become masked by the background noise — we begin to receive weaker im-
pressions of the extreme bass and treble. The dotted equal-loudness lines in
fig. 7 show how the ear’s sensitivity varies with sound level above the lower
threshold, and from this we can deduce that whenever music is louder or
softer than intended, either by virtue of a poor seat or poor reproduction, the
aural balance is modified and tonal qualities are changed. In other words, if
the shaded area in fig. 7 is moved downwards, not only will the extremes cross
the hearing threshold, but the loudness relationship between low and middle
frequencies will also shift, thus altering the apparent balance of instrumental
overtones and therefore the tone-colour. This is why the fullness of double
bass tone sometimes seems to decline in relation to the other strings as one
moves further back in the concert hall. At the high frequency end any addi-
tional level needed for a given impression generally becomes greater as people
grow older - a polite way of saying that we all suffer from creeping high fre-
quency deafness; but many children and even a few adults can hear up to and
above 20,000 Hz. However, it is easy to misinterpret curves such as those in
fig. 7, for they are obtained with pure single-frequency tones, and what the
ear does dynamically with musical sounds is not fully understood.

It will be noticed that the loudness lines in fig. 7 are equally spaced at 1,000
Hz, this being the accepted reference frequencyin this and other audio matters.
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There is also a unit of loudness level called the phon which is the same as the
decibel (above zero) at 1,000 Hz. This conveniently takes account of the ear’s
changing sensitivity with frequency by specifying, for instance, that any
sound producing a sensation of loudness equivalent to 60 dB at 1,000 Hz has
a level of 60 phons, even though it may be at some other point in frequency on
the relevant loudness line or comprise a complex sound with many frequency
components.

As a little light relief after these few rather over-technical sentences, it may
be worth pondering on the fact that our ears are so sensitive that the 3,000
Hz tones used for establishing the lowest threshold level involve ear drum
movements of about one ten-thousand-millionth of an inch. The corresponding
sound pressure fluctuations are equivalent to the change of atmospheric pres-
sure resulting from a vertical movement of one thirty thousandth of an inch.
If we could nod our heads at audio frequencies it would be rather too easy to
create some very loud noises. In fact, if our ears were just a little more sensi-
tive we would be conscious of the minute but ever present random movements
of the air molecules themselves. Even at the threshold of pain (around 120 dB)
the changes amount to less than one tenth of one per cent of normal atmos-
pheric pressure.

Before leaving loudness, there is one peculiarity of hearing that has a bear-
ing on pitch. We assumed earlier that the objective characteristic called fre-
quency had a direct and simple relationship to the subjective sensation called
pitch. This is a common-sense assumption, but unfortunately it is not quite
true. As the sound level is raised above 40 dB, frequency being held constant,
low notes seem to go down in pitch and high notes go up. This is only a slight
effect mainly operative around 100 Hz (G,), the apparent pitch at this fre-
quency falling by about 10 per cent as the level is raised from 40 to 100 dB.
Here again, what one hears will depend on one’s nearness to the instruments
and on the part played by possible offending notes in the musical texture. It
might be thought from this that an instrument’s fundamental (as heard) could
go out of tune with its harmonics, but in practice the ear obliges by keeping
the components of complex waveforms locked together, thus avoiding yet
another tangle in the web of musical sound.

Of the four primary aural characteristics of this nexus listed earlier, only
ambience now remains. Ambience may be defined as the acoustic colour added
to music by the space in which it is performed. Different types of music need,
ideally, different acoustic settings to make their full impact. Gregorian chant
and much early organ music demand a cathedral-like acoustic which would
obscure much of the detail in, say, a Mozart piano concerto. Similarly, the
C
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Lutheran churches whose less reverberant acoustics permitted Bach to com-
pose relatively brisk and complex choral music with string parts - as in the ‘St.
Matthew Passion’ and ‘B Minor Mass’ — would be unsuitable for Gabrieli’s
slow-moving antiphonal music for choirs and brass. Music of the Classical
period generally benefits most from performance in halls of modest size,
giving a fresh, intimate sound; but Beethoven foreshadowed the Romantic
age, with its demand for a more opulent and full-bodied sound. Opera gener-
ally needs a theatre with acoustics permitting easy understanding of fast
librettos, though Wagner is a special case demanding a ‘Romantic’ sound and
many people would sacrifice the odd word or two in a Verdi opera for the sake
of added opulence in that composer’s great climaxes.

There are many factors involved in the acoustical behaviour of halls,
theatres and studios, but one which is generally agreed to be paramount is the
reverberation time (r.t.). When sound is emitted in a hall it is reflected back and
forth between walls, ceiling and floor until it eventually decays to an insigni-
ficant level, the rate of decay depending on the size of the enclosure, the ab-
sorbency of materials on the boundary surfaces, and other factors. The time
taken for a sound to decay by 60 dB is called the reverberation time, or period,
the generally accepted desirable figure for orchestral music being in the region
of 1}-2 seconds. A cathedral might have a period of five or more seconds, while
a small hall with much absorbent material can be as low as one second. At one
extreme music will sound grand and sonorous but somewhat muddled (depend-
ing on the score), while a very short period will give great precision and
clarity but a rather hard and assertive tone quality. Another complication is
that the decay time usually changes somewhat with frequency, so that two
halls with similar general characteristics may give, in one case, a full-bodied
bass, and in the other a rather thin sound, because of reverberation periods
that rise and fall respectively at low frequencies.

Thus a hall or studio adds its own particular character to the music per-
formed within it, and as most music depends on the enhancement provided by
its acoustic setting, we must accept the fact that sonic ambience is a necessary
ingredient of the art. When listening to music in a hall, most people are not
consciously aware of the space around them as a separate acoustic entity, but
the music is certainly heard within that particular framework, the reverbera-
tion arriving at listener’s ears from various directions and thus providing a
certain atmosphere or sense of ‘being there’ which is a major factor in the en-
joyment of live performances. Besides providing a setting for the music, a
good hall adds fullness of tone, rounding off some rough edges; it blends the
string sections of the orchestra without obscuring their separation, and pro-
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vides the musicians themselves with something more substantial than a dead
open space into which to play, so that they can assess more accurately the
quality of their efforts. In addition, the apparent loudness and dynamic range
of music is affected by the characteristics of the hall in which it is performed,
possibly due to the manner in which our ears respond to reverberation. This
may be related to the fact that reverberant sound from quiet music must dis-
appear into the ambient background noise more rapidly than that following
loud passages, though these very subtle aspects of hearing are not yet properly
understood.

W hat are Musical Sounds? was the title at the head of this chapter, and the
reader will see that the answer is not simple when we probe beneath super-
ficial aural impressions. Still only the fringe of the subject has been touched:
I have not even mentioned the totally inharmonic overtones of most tuned per-
cussion instruments, or the doubtful accuracy and instability of many sup-
posedly harmonic partials in others. At every step we see complexity behind
apparent simplicity (there are 243 strings for the 88 notes on a grand piano,
for instance), though perhaps we should not be surprised at richness and
diversity in the ingredients of a great art.

I have attempted to summarise the more important factors in the make-up
of musical sounds, as a sort of launching platform for the rest of this book. But
even this modest isolation of the more obvious features is a step away from
real musical experience, for our minds do not apprehend tone-colour or pitch
as isolated qualities unless we are listening as musicologists or critics. We hear
collections of notes or rhythms played by instruments, and we must hope that
when hi-fi in the home has been perfected there will be no technical distrac-
tions to prevent the plain, natural enjoyment known in real life, whether it be
from a Haydn quartet or Berlioz mass, a Schubert song or Shostakovich sym-
phony, a Dixieland Jazz session or a Rodgers and Hammerstein show. Then we
shall have come full circle and reality and illusion will be one.



2. SORTING OUT THE STRANDS

HOW ON EARTH can the complex array of strands that make up musical
sounds be sorted and simplified for the purposes of recording and reproduction?
After Chapter 1 this may seem a challenging question, but the matter appears
in a slightly different light if we look at the simple sorting that has already
taken place in the two narrow channels leading to our ear drums. The ear is
sensitive to changes of air pressure only within the frequency and intensity
boundaries shown in fig. 7. This means that everything we hear is due to the
tiny volumes of air next to our ear drums undergoing fluctuations at rates be-
tween 15 and 20,000 times per second, by amounts corresponding to quite
extraordinarily minute fractions of the prevailing atmospheric pressure. Thus
the most involved admixture of sounds created by the mightiest gathering of
musicians is reduced to two similar composite vibrations.

To understand this apparent miracle we must return for a moment to fig. 5,
which shows how one cycle of a complex vibration may be analysed into its
constituent harmonics. While containing all the elements shown beneath it,
the original waveform is a single continuous curve representing the way in
which air pressure moves up and down when all the harmonics are added to-
gether. Although such a vibration-curve comes, in this case, from the sound of
a single instrument, it is easy to imagine a dozen separate instruments each
producing a tone equivalent in frequency and intensity to one of the har-
monics shown. At some point in space where an ear or microphone might be
placed, the changing pattern of air pressure resulting from the various sources
would be just the same as that obtained from the original integrated sound
represented in fig. 5. If the frequencies and amplitudes of the twelve sound-
sources were not quite correct a somewhat different total waveform would be
created, but at any particular place the air pressure would still fluctuate in a
manner that could be drawn as one unbroken line.

In practice, of course, each individual instrumental waveform will be rich
and complex within itself, and of differing frequency, overtone structure,
amplitude, growth and decay. But still the individual vibrations all add to-
gether from instant to instant, for any particular group of air particles carrying
the sound cannot be both compressed and rarefied at the same time. So, if we
forget for the moment the slight differences between the sounds at our two
ears, it can be seen that any music is finally simplified and transformed into
one vibration pattern in the air. Fig. 8 shows such a pattern as picked up by a
microphone during the playing of an orchestral chord, and if we could expand
this picture several hundred times we would see a single continuous line flit-
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Fig. 8 Photographed vibration-curve of a chord made up from many notes played
simultaneously. Recording made at an orchestral rehearsal (photo courtesy of Dr. W. H.
George).
ting up and downand carrying a multitude of smaller undulations representing

every overtone and every loudness of all the many instruments playing.

Our task in this chapter is to look more closely at this flitting line. We must
abstract from it those features carrying the vital information needed to regain
music from a mere waveform, which is all we have - in electrical form — once
music has entered the recording/reproducing chain via a microphone. Very
conveniently, the four characteristics of musical sounds examined at such
length in the last chapter all play a fairly simple part in moulding the pattern
of vibrations to be picked up by ears or microphones.

Starting with pitch and frequency, we saw that sound energy might be
present at any point in a spectrum extending from under 20 Hz right up to the
limits of human hearing approaching 20,000 Hz, and that although actual
musical notes themselves seldom reach beyond 4,000 Hz, the complex struc-
ture of overtones requires a more extended range if the full detail and sparkle
of instrumental tone-colour is to be captured. The numerous elements in
musical sound add together, as we have seen, to produce a single ever-chang-
ing vibration pattern ; but this integrated signal still carries all the frequencies
present in the unamalgamated sounds radiated by separate instruments and
voices. A microphone used for recording must therefore respond evenly over
the full range of frequencies. Similarly, the whole recording and reproducing
chain must give equal treatment to all frequencies if what we hear from our
loudspeakers at home is to be a repetition of the original sound.

Thus the first abstraction on our journey from music to its reproduction is
the concept of frequency response. We saw in connection with fig. 7 that our
ears respond unevenly as the frequency is changed, and that if music is heard
an an unnaturally low or high loudness its tonal balance may be upset. Con-
versely, if the overall level is correct but the reproduced intensity varies with
frequency, the balance of overtones within instrumental waveforms (tone-
colour) will be changed. In extreme cases the balance between instruments
will be upset, especially when widely separated pitch ranges are involved -
violin and double bass or piccolo and bassoon, for instance. Also, a very irregu-
lar response might exaggerate or stifle particular groups of notes regardless of
the instruments producing them.
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Frequency response is a feature very commonly displayed in the form of a
graph such as that in fig. 9. Here, the horizontal frequency scale is similar to
that used to depict instrumental and hearing ranges in figs. 2 and 7, the verti-
cal scale showing changes of audio signal level as measured electrically from
devices such as amplifiers, tape recorders or gramophone pickups, or perhaps
as measured acoustically from a loudspeaker. We have seen that constancy of
response over the musical frequency range is desirable if the sounds reaching
a microphone are eventually to be recreated with realism at the listener’s ears.
For this reason the solid line in fig. 9 is much better than the dotted curve, one
indicating a ‘flat’ response from 30 to 14,000 Hz, and the other falling away
badly at the frequency extremes in addition to being rather ‘bumpy’ in
between.

It is important to accustom oneself to illustrations of the fig. 9 type as they
show at a glance what would otherwise be obscured in lists of figures. Such a
list for the dotted curve might be presented as in the table, and it can be seen
that some considerable exercise of graphic imagination is called for if the shape
of the response is to be pictured. As we shall see in later chapters, such shapes

'may, with care, be interpreted in terms of actual musical sound quality, an
equation very difficult with mere figures. Be wary, however, when comparing
apparently similar graphs of this sort, as a set of figures can be made to give a
relatively flat-looking response by choice of a suitably cramped vertical scale
for the decibels.
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Fig. 9 Response curves of the type that may be found in audio literature. In a hi-fi system
the flat extended response (solid line) would be preferred to the peaky but limited one
(dotted line).
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FREQUENCY | OUTPUT l FREQUENCY | OUTPUT |
4
30Hz —23dB | 1000Hz —0dB
50Hz —13dB ! 2 kHz +4dB
100 Hz 0dB ¢ 3 kHz +5dB
150 Hz +4db 3L kHz +6dB
200 Hz +1dB 5kHz +5dB
300 Hz —2dB 7 kHz —3dB
500 Hz —1dB 10 kHz —19dB

One small difference between the symbols here and those employed earlier
is use of the letter ‘k’ before Hz to represent kilohertz or thousands of cycles
per second ; thus 3,000 Hz becomes 3 kHz or, in published literature employ-
ing earlier symbols, one may find 3,000 c/s or 3 Kc/s. One cycle per second
(c/s) is now generally represented by the Hertz, and assuming the reader to
haveabsorbed this, one thousand cycles per second (Kc/s) will from now on be
kHz.

A smooth and extended frequency response, then, is the technical require-
ment arising from abstraction number one. Some of the practical problems
created by this requirement will be examined, together with the question of
how smooth and how extended, in the high fidelity context of later chapters.
If the reader studies advertisements and technical reports in the hi-fi and
gramophone magazines he will find that frequency response is one of the most
commonly mentioned features of reproducing equipment, the sort of infor-
mation contained in graphs like fig. 9 often being abstracted and condensed
still further to give expressions such as ‘23 Hz — 17 kHz 4 1 dB’ or ‘75 Hz —
7% kHz + 6 dB’. These figures actually represent the responses in fig. 9, the
plain and dotted curves deviating to limits of one decibel and six decibels re-
spectively within the stated frequency bands. Taking 0 dB (left-hand vertical
scale) as a reference level, the dotted curve moves upwards to a high point of
+6 dB at about 33 kHz and is down to —6 dB at 75 Hz and 74 kHz. Thus be-
tween these limits the response is said to be within plus and minus six deci-
bels (4-6 dB), usually taking the signal level measured at 1 kHz as a reference
for 0dB.

The next musical characteristic to be identified in that flitting line of air
pressure or electrical waveform is tone-colour. This, it will be remembered,
depends upon the maintenance of certain proportions between overtones and
fundamentals, on subtle changes in amplitude and overtone structure as notes
progress, and on percussive qualities in the starting of many instrumental
sounds. Fortunately a lot of these points are covered automatically by a good
frequency response, as any natural pattern in the distribution of acoustic
energy over the musical spectrum - and any changes in that pattern — will be
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reflected faithfully if the total recording/reproducing chain has no bias for or
against particular frequency bands. Once again, a ‘flat’ frequency response is
desirable.

The percussive element, however, poses additional problems. In the last
chapter we saw that musical instruments make use of resonance for the gener-
ation of specific notes, though resonance is in principle a characteristic of any
mechanical object. In the creation of music, strings, skins or air-columns are
adjusted to vibrate efficiently at desired frequencies, though for the reproduc-
tion of music there are, as we have seen, no specific ‘desired frequencies’; in-
deed, any favouritism is highly undesirable. But however smooth the response
in a sound reproducing system, it is difficult to eliminate entirely all resonant
characteristics — especially from loudspeakers. In practice this often means that
while most music may sound well balanced for most of the time, percussive
sounds will be either dulled or superficially exaggerated, with a corresponding
but more subtle degradation of those instrumental qualities dependent to some
extent on initial attack. The sharp impact of such sounds, known in audio
jargon as transients, tends to ‘excite’ such natural resonances as may still be
lurking in the reproducing system, just as a sudden rut in the road will draw
one’s attention to particular vibrations in a vehicle. Thus we come to the need
for good rramsient response as the servant of instrumental tone-colour, the pre-
server of inner clarity in complex music, and for the avoidance of unwanted
coloration or aural ‘character’.

Transients, with their occasional very high amplitudes, bring us to the
loudness or dynamic range aspect of the single complex waveform chosen as
the basis of our sorting process. We learnt from fig. 7 and associated comments
in the last chapter that the maximum dynamic range of music is about 72 dB,
corresponding to a sound intensity ratio of 18 million to one. This is the acous-
tic measure of music’s enormous range of power, and this same range must be
handled domestically via loudpseakers. Imagine a car required to perform
with equal felicity, but without gear changes or slipping of clutch, at any speed
between 30 m.p.h. and one tenth of an inch per hour. At one speed it would
take an hour to travel from London to Guildford, while at the other speed the
car would just be arriving at the Guildhall if it had set out when Sulla was
leading Rome’s victorious armies into Greece nearly a century before Christ.
This, by analogy, is what audio equipment must do if a hushed solo violin and
full orchestra and chorus are to be reproduced in natural acoustic proportions.

Fortunately the laws of nature ease the arithmetic of such huge ratios — and
place less strain on the imagination — by permitting us to deal, in practice, with
sound pressures rather than powers or intensities. As a change in one equals
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only the square root of a change in the other, the rather impracticable ratio of
18 million is reduced to something over 4,000. Likewise, in the electrical cir-
cuits handling audio signals all the way from microphone to magnetic tape or
disc groove, and thence again from gramophone pickup or tape-head to loud-
speaker, it is usually convenient to think and work in terms of voltages and cur-
rents rather than powers. This means that if we display our single complex
musical waveform diagrammatically, the positive and negative peaks corres-
ponding to the very loudest music will be some 4,000 times higher than the
changes of sound pressure (acoustic) or voltage (electrical) produced by the
quietest solo note. Some idea of scale may be obtained from fig. 10, where the
base line apparently representing ‘silence’ in places is actually something like
six times the thickness needed for a very quiet music signal.

Thus it will be seen that even in terms of voltage changes in audio equip-
ment a musical dynamic range of over 70 dB is not without its difficulties. The
main problem is of the ‘devil and the deep blue sea’ type, the devil looking in
at the loudest passages and swishing the tips off with his sword if they are of
magnitudes that would drive amplifiers or pickups beyond their physical
limits, and the deep blue sea being an irreducible background of noise genera-
ted at a low level in all audio equipment and waiting to swallow up very quiet
music or the minute signals representing reverberant ambience. The ‘zero’
line in fig. 10 may be likened to this background noise, which must be quieter
than the very quietest music if it is not to obtrude. As we have seen, the line
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Fig. 10 Diagrammatic representation of complex musical waveform. Shaded area actually
comprises a single continuous line oscillating up and down in a very involved fashion
asin fig. 8.
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as drawn is already thick enough to swamp very quiet passages, and if we re-
gard this thickness as irreducible it is clear that the only way to drag very low
music levels out from the brine is to raise the amplitude of everything. Alas, as
soon as we start doing this we reach the dotted lines symbolising the physical
limits set by equipment design. The ratio of peak signal handling capacity at
the one extreme to background noise at the other may be specified in decibels
and is known - appropriately enough - as the signal-to-noise ratio. This should,
ideally, be at least equal to the dynamic range of the type of music to'be
recorded and reproduced.

Not only must this ratio be adequate, but for realistic reproduction equip-
ment must be capable of creating at the listener’s ears sounds of the same
maximum loudness as those heard in the concert hall. Reference to fig. 7
shows this to be around 100 phons for the very loudest music, and calculation
reveals that the acoustic power needed to produce such a loudness in a domes-
tic room of some 2,000 cubic feet capacity is about one third of a watt. Taking
into account the rather low electro-acoustic conversion efficiency of the aver-
age loudspeaker, this gives an electrical power requirement in the region of
5-30 watts from the associated amplifier. Thus we arrive at the concept of
maximum power handling capacity.

There is yet another technical point arising from this business of dynamic
range and peak powers. Even when the inherent noise level is low enough and
the maximum power capacity high enough to accommodate 70 dB of music,
there is the possibility that an audio system will not respond with quite equal
efficacy at low, middle and high signals levels. Such uneven or non-linear be-
haviour introduces what is known as amplitude distortion, whereby extra
harmonics are added to the musical waveforms (harmonic distortion) and the
various elements within that original endlessly undulating line become mixed
and multiplied together to produce additional components which are har-
monically unrelated and therefore add a rough harshness to the sound
(intermodulation distortion). The word ‘distortion’ is frequently used in audio
literature to apply to all or any of these misdemeanours, but it is fairly widely
accepted that total harmonic distortion is a reliable measure of amplitude
non-linearity and more often than not this is what is quoted.

Only one group of musical sound characteristics now remains to be con-
sidered in our sorting of technical strands, namely space and ambience. There
are two aspects to this, each with a technical corollary, one regarding signal
level and the other concerned with spatial distribution. By the very nature of
its subtle contribution to music, with reverberation decaying to a point 60 dB
below the initiating sound before it is regarded as “finished’, ambience requires
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room to express itself at very low signal levels. Technically, therefore, it is
satisfied if the dynamic range criteria zlready mentioned have been met. The
spatial element in music encompasses both ambience and the disposition of
orchestra and/or singers, involving a technique for presenting the reproduced
sound pattern over the sort of angle found in real life, without exaggerating
the apparent sizes of individual instruments or singers, and within a natural
acoustic setting. This technique is stereophony, to be discussed at length later
but which, we may note for the present purpose, involves two basic points: (i)
use of two identical recording and reproducing channels - once the initial sig-
nals from various microphones have been mixed and allocated into two groups;
and (ii) care in the choice of characteristics, positions and surroundings of a
pair of loudspeakers at the end of the reproducing chain.

Having considered the physical elements in musical sound as they bcar on
reproductive matters, including the need to minimise= additives such as back-
ground noise and distortion products, there remains one other important re-
quirement that is not immediately apparent from a superficial study of the
basic musical material. Whenever sounds are recorded, that single endlessly
fluctuating line (or two such lines for stereo) encompassing all the complexity
of music within its agitations must somewhere be laid out, or wound in a
spiral, as a line. And as a line it must be pulled or driven past a fixed point at
some predetermined speed if the recorded material is to be reproduced cor-
rectly. Thus LP records must be rotated at 33} revolutions ;;er minute and
most tapes played at a linear velocity of 73, 3% or 13 inches per second. Any
fixed deviation from the correct replay speed will not only affect total playing
time, but will change also the number of cycles scanned per second in any
given note, thus altering the frequency and therefore the pitch. A disc record
of a piece of music in the key of E-flat will, if played on a turntable running 6
per cent slow, offer something in the key of D, a contingency clearly to be
shunned if only to avoid confusing listeners with perfect pitch. More import-
ant is the prevention of short-term changes in speed, as the resultant wavering
of pitch caused by slow changes (wow) or roughening of sound caused by more
rapid changes (flutzer) is easilynoted and objected to by the majority of ordinary
listeners.

This completes our initial sorting process, by means of which we have ex-
tracted seven strands from the musical complexity revealed in Chapter 1. As
an exercise in the philosophy propounded at the beginning of that chapter, let
us now see how these seven reproductive criteria would affect the sounds of a
piece of music - taking, conveniently, the seven movements of Gustav Holst’s
“The Planets’.
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Mars, bringer of war, takes us into the tumult of a full orchestra playing
noisy music, with much hard work from the brass departments. Here there is
plenty of scope for non-linear distortion to rear its ugly head, and the ear will
tire easily if the harshness of intermodulation is added to the massive but
nevertheless not unpleasant sounds intended by the composer. Venus, bringer
of peace, imposes no strain, but her repeated calls on the French horn cer-
tainly sound curious if their pitch is steered off course through wow; and
the woodwind - particularly the oboe — has a roughened, bubbly sound when
marred by flurter. Mercury, winged messenger, flits lightly from instrument
to instrument ; the pinpointing of sounds within the orchestra and the effect of
a spacious acoustic as a setting for this delicate scherzo is aided, without
doubt, by stereophony. Jolly Jupiter, with cymbal clashes and bouncing
orchestral chords, demands good transient response if the music’s zest is to be
captured without coloration and if the strings are to retain their natural attack
even when playing legato in the famous maestoso tune in the movement’s
middle. Sad and aged Saturn depends, despite his measured tread, on many
subtleties of tone-colour, with a multitude of timbres from woodwind and
strings, spiky brazen chords, bold trumpet calls, the metallic clatter of orches-
tral bells and, underlying his progression, a plaintive foundation played on the
double basses. For untroubled realism in reproduction this all requires a
smooth frequency response, without emphasis or absence at any point in the
spectrum. Uranus, the magician, conjures his slap-stick way through a
panoply of sonic effects until, at the height of involvement in his magic, a full
organ shatters the spell with a massive glissando, demanding for an instant a
Sfull reserve of power to avoid overload and distortion in reproduction. Finally,
Neptune spins his mystic way around the Solar System’s periphery, with a
wordless chorus eventually fading to inaudibility and demanding absolute
silence from the audience and a corresponding low noise level in reproducing
equipment.

For convenience in this little tour only one of the seven technical require-
ments has been applied to each of Holst’s seven movements, though in fact of
course most will apply to all the music for much of the time. Also applying to
most music reproduction, at whatever level of fidelity, are certain basic tech-
niques. The non-technicalreader should have a look at these before attempting
to use the concepts of transient response, noise-level, etc., in a hi-fi fashion, so
we move on now to consider a simple transistor radio.



3. BASIC COMPONENTS FOR MUSIC
REPRODUCTION

DOMESTIC RECREATION of music ranges from the squeaky efforts of a
small transistor radio to the full-scale realism approached by the best high
fidelity stereo installations; but at any point in this range we are still dealing
with reproduction, and certain basic principles and components remain the
same. What are the minimum essentials in this business? In fact, what does a
small radio do to create the impression, if not the verisimilitude, of a real
musical performance?

We have seen that musical sounds comprise certain types of vibration in the
air, so the first requirement in reproduction is some method of recreating such
vibrations ‘to order’. The essential component for this is called a loudspeaker
(commonly, just ‘speaker’) and the orders are in the form of electrical im-
pulses or, to be more exact, a continuously alternating electrical current corre-
sponding to the complex but unilinear waveform underlying our analysis in
the last chapter. It so happens, as hinted there also, that for various technical
reasons it is far more convenient to handle audio signals in electrical form than
as mechanical vibrations. It is true that music is stored mechanically and mag-
netically on discs and tapes, but whenever recording or reproduction is actu-
ally taking place the sounds that enter microphones or emanate from loud-
speakers are travelling through wires and various electrical components in the
form of rapidly changing currents and voltages. Amplifiers or amplifier stages
are used to make these currents or voltages larger up to the point where they
are strong enough to actuate loudspeakers, which are essentially transducers
for converting electrical energy into acoustic energy.

There are various types of speaker, but the most common is called the
moving-coil, and in this the audio currents pass through a coil of wire sus-
pended in a fixed magnetic field (see fig. 11), the laws of nature arranging that
the varying additional magnetism created by these currents reacts against the
fixed magnetism and causes the coil — known as a voice-coil or speech-coil -
to move back and forth in sympathy with the applied electrical signal. The
coil is attached to a conical diaphragm that moves with it, the whole assembly
being free to flex by virtue of the suspension arrangements. As the cone oscil-
lates to and fro it alternately compresses and rarefies the air in its immediate
vicinity, thus producing sound which radiates outwards like that from musical
instruments as discussed in connection with fig. 1 (page 15). The waveform
of this sound follows, ideally, the electrical input. When a high note is played
the speaker cone vibrates rapidly and the air is set into motion at the same high
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Fig. 11 Sectional view of a moving-coil loudspeaker unit. Signal currents in the voice-coil
produce a varying magnetic field which reacts against a fixed field from the magnet system.
This causes coil to move in the air gap.

frequency as that around the original musical instrument. Conversely, for low
notes the cone and air vibrate more slowly and we hear a correspondingly
deeper sound. With complex musical waveforms all the various components
and multitudes of overtones are carried, as we have seen, on a single line of
pressure, electrical current in the speaker voice-coil being the equivalent of
this. At any instant that current must have a specific value and can only be
travelling clockwise or anticlockwise around the coil; likewise, the speaker
cone can only be moving in or out at a particular velocity. Yet a loudspeaker is
clearly capable of sounding like a number of separate instruments and voices
producing different notes and timbres at the same time, which perhaps under-
lines from another angle the idea and fact of a unilinear waveform as the basis
of sound reproduction. Other types of speaker employ the same general prin-
ciple of sound generation as the moving-coil unit, for with only one special
exception all have diaphragms of some sort which are caused to vibrate by elec-
trical means, thereby creating corresponding disturbances in the air.

There are endless difficulties in making a loudspeaker do its job properly,
mainly because diaphragms are awkward mechanical things which tend to
vibrate rather more energetically at some frequencies than at others, due to
natural resonances. Also, even if the voice-coil vibrates exactly in accordance
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with the electrical signals and the cone follows the coil faithfully at all fre-
quencies and at every amplitude (very rarely the case), it does not follow that
the air vibrations will be equally correct, as these depend on all sorts of geo-
metrical and dimensional factors around the speaker unit. At low frequencies,
for instance, the repetition cycle takes so long that sound-waves have time to
travel round the speaker from one side of the cone to the other before very
much movement has taken place, and as one side of the cone is compressing
air while the other is rarefying it, this results in a cancellation of air pressure
and very little sound is radiated. To overcome this difficulty it is necessary
either to seal the ‘leak’ between the two sides of the cone by putting the
speaker in a closed cabinet, or to make the relevant air path very long. The first
solution brings fresh problems, for if the enclosed space is small the cone
movement is restricted at low frequencies and if it is large the cabinet may be
cumbersome; the second solution in any case demands rather large dimensions
if performance is to be maintained at bass frequencies. There are other ap-
proaches to this problem, some of which will be examined in more detail later,
but it can be stated as a general rule that ioudspeakers for reproduction at high
quality of an extended range of frequencies in the bass are likely, with their
enclosures, to be physically larger than those found in transistor radios. Ap-
parent exceptions to this are usually only achieved at the expense of conversion
efficiency, meaning that more electrical power in is needed for the same acous-
tic or sound power out.

But bass reproduction is only one part of the speaker story, for there are
numerous other design problems, with as many difficulties at middle and high
frequencies as at the bottom end. Whereas large speaker units and/or enclo-
sures tend to be needed for bass, bigness generally prejudices good performance
in the upper octaves. At middle frequencies these conflicting requirements
overlap, with little help from the ear, which is very sensitive to colorations and
minor errors of tonal balance in this region. But here we verge again on speci-
fically hi-fi matters, which must be held at bay while we look at those other
links in any ordinary music reproducing chain needed to generate the voice-
coil currents. Let it suffice to note at this more primitive stage that an inex-
pensive moving-coil speaker unit of less that two inches diameter, mounted
on the tiny baffle found in a pocket radio, may still - for all its manifest defi-
ciencies — provide some music in the home, using essentially the same electro-
acoustic principles as those employed in many of the most elaborate hi-fi
systems.

Similarly, the other parts of such a radio contain the bare bones of much that
is found in more sophisticated gear, so it will be useful to stay with this un-
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pretentious device for a few paragraphs. We have seen that audio currents
must be driven through a speaker voice-coil, and as the laws of electricity re-
quire that voltages be applied across the coil to achieve this end — much as a
pressure or ‘head’ is needed to drive a flow of water through the pipes to a tap -
this means that power must be available. Even with a massive aerial array only
a minute power may be extracted from passing radio waves, as older readers
may recall from crystal set days, so some means must be found of amplifying
very small signals. As the power is not contained within the signals themselves
it must come from a separate and easily tapped source: a battery in portable
radios and the mains supply with larger equipment. But such sources are not,
of course, themselves audio signals, so the flow of power from them must
somehow be controlled by the wanted music waveforms. The transistor and
its predecessor the valve (vacuum ‘tube’ for American readers) will do just this
job, requiring, respectively, relatively small currents or voltages fed in which
have the effect of modifying the flow of current through the device according
to the desired changing audio pattern. The main current flow thus controlled
comes from the external power source and may be at a quite high amperage
with transistors or at a high voltage with valves, eventually being fed via trans-
formers and/or other appropriate electrical components to the loudspeaker.
This amplifying or power controlling process may be likened to powered
steering in a car, where the wheels turn in the direction and to the extent
designated by the driver without extracting appreciable effort from his
muscles. In a small radio there will be one or two transistors with this power
amplifying function, others being employed to bring the audio signal current
or voltage up to a level suitable for controlling or ‘driving’ the output stage,
and the remainder involved in selecting, amplifying and decoding the received
radio signals prior to the audio part of the circuit. Somewhere in the latter will
be found a volume control, whose function is to adjust the amplitude of
signals reaching the output stage, and thus the power fed to the speaker.

The audio signals referred to so far have been simple electrical replicas of
sound waveforms, with every cycle of every sound frequency registered as a
kink on an undulating line of voltage or current, and in theory retrievable as
sound at any point if extracted and fed to a loudspeaker via a suitable amplifier.
With radio, things are not so simple, for while what travels through space as
radio waves is electrical in the sense that it is a species of electromagnetic
radiation (which happens also to include heat, light and X-rays within its
gamut!), the tiny disturbances created by such waves in an aerial comprise
very much higher frequencies than those found in audio, and if amplified and
fed to a loudspeaker as they stand will produce nothing but golden silence.
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The frequencies commonly used for radio and television transmissions lie be-
tween 150 kHz and 200 MHz (MHz = one million cycles per second), or from
10 to 13,000 times the normal upper limit of human hearing. This being so —
and it has to be sofor technical reasons connected with transmission and recep-
tion - how is musical information added to and retrieved from radio waves? It
is done by a process of modulation, whereby either the amplitude or the fre-
quency of a normally steady and continuous radio emission is wavered at a
rate corresponding to the audio signal and by an amount related to the ampli-
tude of that signal. Thus what is transmitted is still a high frequency radio
wave, but this acts as a ‘carrier’ of musical and other audio information. At the
receiver this carrier-wave might pass an external wire or rod aerial (‘antenna’
for American readers), its electrical component inducing therein small cur-
rent agitations; or in a transistor radio the magnetic component of the radio
wave will be ‘sucked in’ by a ferrite rod aerial to induce similar radio fre-
quency (RF) currents in a coil wound around the rod. Most small radios of
this type are designed to receive only the lower part of the RF spectrum
covered by the medium and long wave bands (MW and LW). The radio signal
having been captured, it is then convenient in nearly all receiver circuits, in
some cases after a stage of simple voltage or current amplification, to change
the RF signal to another and easily amplified intermediate frequency (IF). The
particular advantage of this is that the IF circuits can be permanently set for
optimum amplification at their one frequency, any ‘tuning’ to cover one or
more reception wavebands being accomplished within and before the fre-
quency-changer stage. This conversion process, used in superhet receivers,
leaves the audio modulation intact.

Having brought the carrier at its new frequency up to a satisfactory level,
probably from some small fraction of a millivolt to something approaching a
volt, the point is reached for extracting the audio signal by a demodulation or
‘detection’ process. With amplitude modulated (AM) transmissions the
essence of this is to clip off by means of a diode rectifier, all those half cycles of
the alternating high frequency waveform falling on one side of the ‘zero’ line,
thus leaving a series of unidirectional pulses which, smoothed by appropriate
components, coalesce to form an audio waveform in its own right. This sig-
nal is then passed on to the strictly audio frequency (AF) stages of the receiver.
Frequency modulated (FM) signals require rather more complex treatment
for derivation of the audio ‘envelope’, and as we cannot assume prior know-
ledge of electronic theory on the reader’s part it must be accepted that appro-
priate circuits will provide an audio output proportional to frequency devia-
tion with this type of signal. We shall in any case return to FM radio, as it so

D
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happens that for hi-fi purposes this is the only type of reception worth
considering.

However, this brieflook at a small AM transistor radio — housing, incident-
ally, and as a measure of our brevity, about sixty components — has covered
many basic essentials and for the most part is relevant to valve circuits also.
The reader may know that valves have internal filaments or heaters which dis-
sipate additional power, and for this reason they are only normally found in
mains operated equipment; any transistorised devices more elaborate than
portable radios or miniature tape recorders will also usually be powered from
the mains. A problem with all such equipment is that special additional cir-
cuits are needed to produce suitable supplies from the standard 200-240 volt
AC mains. The letters ‘AC’ here mean alternating current, a type of electricity
where the voltage swings alternately positive and negative in just the same
manner as the AF signals with which we are now acquainted. However, in the
case of the mains there is a fixed frequency of 50 Hz (60 Hz at 110 volts in the
U.S.A.) and a larger reserve of power than will be required by the most mas-
sive audio amplifier. The AC nature of the supply has the advantage that a
transformer may be used to ‘transform’ the 240 volts up or down to any de-
sired figure, but the disadvantage that the power supply needed by amplifying
circuits is ‘DC’ or direct current, in which the voltage is of fixed polarity and
the current always flows in one direction. From our ‘powered steering’ ampli-
fier analogy it is clear that in the absence of steering column rotation the car
should just go steadily ahead, but if the mechanism supplying power to turn
the wheels were itself in continuous oscillation from left to right the poor
driver would be tempted to switch off and use his own elbow grease. For
similar reasons, the current fed into amplifying valves or transistors from what
is commonly known as the ‘HT” (high tension) supply is DG, its flow being
wobbled up and down about a mean value in accordance with the applied AF
signals. Extra components, then, are used to produce DC supplies from an AC
input, and unless the job of conversion is done very well some of the original
mains 50 Hz - or its harmonics - intrudes as a ‘ripple’ on the HT supply, this
being one possible cause of hum, a hi-fi nightmare to be considered in more
detail in later chapters. Another common source of hum is the use of AC for
valve heaters, though the relatively low voltage requirements of these are
more easily met with AC than with DC by use of a transformer as mentioned
above.

We have skipped glibly through circuits, with passing reference to a few
key components but no hint as to size or appearance, so the reader may now
care to glance at fig. 12, where a number of the more common constituents in
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Fig. 12 A modest transistor radio (bottom) of the sort discussed in the text, with its
sophisticated hi-fi equivalent (top), known as a tuner-amplifier and used with external
loudspeakers.
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transistor circuits are labelled. Apart from the speaker, the functional parts so
far considered in this chapter comprise the electronic elements of domestic
sound equipment, and before moving on to pickups, turntables and tape re-
corders it will be useful to get these circuits into perspective by means of a
further illustration, this time a ‘block diagram’ (fig. 13). Here we see all the
parts mentioned in previous paragraphs arranged in functional order, with
arrows showing the progression of signals through the system. Ignoring for
the moment the two large enclosures labelled RADIO TUNER and CONTROL UNIT,
the six boxes forming the ‘spine’ of this diagram are essentially the simple
radio with which we set out, the power supply being a battery for a portable
transistor model, or incorporating a transformer, rectifier and smoothing
capacitors for AC mains use. Radio signals are picked up by the aerial, pos-
sibly a ferrite rod, and fed either directly to a frequency-changer stage or first
amplified at RF; a variable tuning capacitor works in conjunction with both
stages, each of which uses one transistor or valve and several inductors
in addition to the usual small quota of resistors and capacitors found at each
stage in nearly all electronic circuits. There may be one to three IF stages,
each using a transistor or valve and a screened IF transformer or coil, followed
by a detector circuit with a diode or diodes as its main components. From
here, the AF signals are amplified by a further stage or stages, with volume and,
possibly, tone controls intervening. Then there comes the power stage, some-
times (and with valve circuits nearly always) coupled to the speaker via an
output transformer.

A radiogram simply adds a turntable and pickup unit to this assembly, audio
signals from the pickup feeding in at the AF signal amplifying stage in place of
those from the tuner section, selection being at the turn of a switch. Having
added a gramophone signal source, removal of the tuner stages converts a
radiogram into a record player. Likewise, replacing the gram unit with a tape
transport mechanism, complete with some additional circuitry for recording
purposes, converts a record player into a tape recorder. Finally, if the tuner
circuits are designed for stereo reception, if the pickup is a twin-channel
model, or if the tape-head and associated circuits are suitable for stereo, the
AF signal amplifier, power amplifier and speaker may all be duplicated for
stereophonic reproduction. Actually, apart from this last point the arrange-
ment of units in fig. 13 could be a full-scale hi-fi installation (fig. 14), in which
case it is quite probable that the radio tuner grouping would in fact be a
separate unit, as might also the stages linked here as a control unit. In hi-fi
systems the box labelled POWER AMPLIFIER would normally comprise more
than just the output stages themselves, and as everything must be doubled for



54 Hi-Fi in the Home

STEREQ TAFE
RECORGER
=

VHF/FM TIMER

Fig. 14 Stereophonic high fidelity version of scheme shown in fig. 13. Usually, all the

components depicted here except the loudspeakers — and possibly the tape recorder —

would be housed in a single cabinet, though ‘free-standing’ amplifiers and plinth units for

turntables may obviate this need in many homes. With most modern transistor systems

the power amplifier and control unit are integrated as here, and in some cases the tuner
will also be combined with the amplifier, then known as a tuner-amplifier.

stereo this part of the system can become rather bulky, especially when em-
ploying valve circuitry. Thus the reader will find some domestic installations
with separate tuner, stereo control unit and stereo power amplifier, the latter
sometimes even splitting into two separate single-channel amplifiers. How-
ever, transistors are changing this, their smaller bulk and lower heat genera-
tion permitting easy amalgamation of preamplifier and main amplifier on one
chassis. In many cases even the tuner circuits are incorporated (fig. 12),
leaving only the gram and tape signal sources to be accommodated separately.
In due course the present change to smaller, cooler and lighter units associa-
ted with transistors wili be followed by another revolution stemming from
integrated circuits (1.C.). Withthese, most separate components of the sort seen
in fig. 12 disappear, together with the transistors, into small blocks of material.
However, this is for a future to be explored more fully in Chapter 10.

We turn now to the remaining separate items, starting with the turntable,
which is quite simply what its name implies: a table or platter that turns. Its
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purpose is to rotate disc records at the various standard speeds with sufficient
constancy to avoid audible wow and flutter and with sufficient freedom from
vibration and rumble to avoid adding extra noise to the reproduction. To meet
strictly hi-fi requirements in these respects is not easy, but that is for the next
chapter, and we shall simply describe here roughly how turntables are made
to turn. Fig. 15 shows a partially cut-away view of a typical turntable’s under-
side, revealing that it is hollow, rotates on a central bearing, and is driven at
its edge by an idler wheel which is in turn driven by a stepped pulley on the
spindle of an electric motor. The motor cannot drive the turntable directly via
its centre as the relatively slow rates of rotation required (78; 45 and 334 revo-
lutions per minute - r.p.m.) are inappropriate to motor design. Neither is it
practical to achieve the necessary ‘gear ratio’ by coupling the motor spindle
directly to the turntable’s periphery, as — apart from further technical objec-
tions - there are several speeds to be accommodated and this is most easily
managed by introducing correctly proportioned steps either to the motor
spindle or an extension thereof, coupling one of these steps, according to the
speed required, to the turntable via a rubber-tyred idler wheel. The idler sup-
port bracket is pulled by a spring in a manner that wedges the wheel between
pulley and turntable for most efficient transmission of drive. When the speed-
change switch is operated the idler is retracted, moved up or down and re-
engaged with a different step on the pulley, the idler normally remaining com-
pletely disengaged when the unit is switched off. Turntable drive systems of
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Fig. 15 A basic turntable drive system. Motor pulley drives inner rim of turntable via a
rubber-tyred idler wheel, the latter being shifted by a speed-change mechanism to engage
with various diameters of drive pulley.
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this general type are very common, though there are considerable variations in
detail and much additional complexity in most ordinary record players and
radiograms through widespread employment of record changer mechanisms.
Some turntables have an extra speed control giving a few per cent adjustment
either side of the nominal switched speeds. This may be in the form of a vari-
able electrical brake or a tapered spindle rather than a stepped pulley on the
motor, the latter permitting fine speed control by shifting the motor or idler
vertically to give a small change in drive spindle diameter at the operating
point. But such refinements are normally confined to the more expensive units,
to which we shall return later for a closer look at other hi-fi variations and
precautions.

Closely associated with the turntable, and indeed often built on the same
base-plate and, in changers, an integral part of the design is the pickup arm or
(pointer to an acoustical past) tone-arm. The ‘head’ or front end of this houses
a transducer whose function is to convert mechanical oscillations of the record
groove, picked up by a szylus, into electrical signals for feeding into the pre-
amplifying stages as indicated in fig. 13. This transducer, usually known as a
pickup cartridge, has to be carried across the record by the groove with a mini-
mum of hindrance and at a playing weight determined primarily by the car-
tridge characteristics and not by frictional and other limitations in the arm. In
essence all pickup arms have pivots which allow easy movement both laterally
and vertically, the electrical signals coming out via fine flexible leads near the
pivot assembly at the arm’s rear. Some adjustment of playing weight is often
provided, either by movable counterweights behind the pivot or with variable
tension on springs. For technical reasons related to arm geometry, the centre-
line of the head or cartridge is off-set from the main arm axis, resulting in a
disposition of forces tending to drag the pickup towards the record centre as
soon as the stylus is on the disc. The reader may be familiar with this inward
skating effect, which is overcome in various ways on some better quality arms —
another matter for further consideration under a hi-fi heading.

The pickup cartridge has one of the most prodigious tasks in the whole
sound recording/reproducing chain. The enormously complex musical wave-
forms having been cut mechanically as a succession of minute wiggles in a
groove - to be duplicated in mass production by plastic moulding techniques —
the groove is then dragged past a stylus which offers so little resistance to
lateral and vertical movement that it follows every tiny kink and the most rapid
changes of direction without demur. At one extreme, the very lowest recorded
levels correspond to groove undulations of around two millionths of an inch in
depth, or about one tenth of the wavelength of green light, while at the other
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end of the scale the stylus sometimes undergoes accelerations around a thou-
sand times those experienced by a falling body under the action of gravity.
Looked at another way, if an acceleration of this order (say 1300g) were main-
tained in one direction for one second, the stylus tip would then be four miles
away and travelling at nearly 30,000 m.p.h.! When one considers that on
stereo discs the two groove walls are independently modulated with slightly
different signals, the whole business verges on the miraculous; and the mind
is not helped into a more receptive mood on learning that in order to remain in
contact with the groove walls under peak modulation conditions, and at a play-
ing weight of a gram or so, the effective mass of the cartridge’s moving parts as
‘seen’ by the groove at the stylus tip should not be greater than about one
thousandth of a gram (35455 of an ounce or , of the mass of an ordinary iron
pinhead). Another fact providing food for thought is that with a playing weight
of two grams the actual pressure at the two tiny areas where a normal size
stylus makescontactwith the groove is something like ten tons per square inch,
yet the tip may show only slight wear after passing 2,000 miles of groove. To
help the reader picture this microscopic world, fig. 16 offers an artist’s im-
pression of a stereo groove magnified 500 times and beingplayed by a stylus
with a tip radius of under one thousandth of an inch (0-7 mil, one of the stand-
ard sizes), with some 10 kHz modulation on one groove wall not far from the
record label. At this scale, the record’s centre hole would be over 33 yards
away. Thanks are due to Rex Baldock for this way of picturing the situation.*

We must now take a look inside the cartridge, leaving till later such matters
as stylus tip shapes and sizes and the manner of resolving separate left and
right components from the combination of lateral and vertical stylus motions
caused by stereo grooves. The vibrations imparted to the stylus by the record
groove are applied to a transducer element which generates their electrical
equivalent, and in most cartridges the stylus movement is coupled to the
generating element by means of a cantilever, known alternatively as a stylus
bar or stylus arm. The stylus itself is generally no more than a tiny piece of
suitably ground and polished sapphire or diamond, cemented to the end of a
cantilever, the other end of which either couples directly to the generating
element or is anchored to the underside of the cartridge by means of a small
fixing screw. The latter system is employed in many of the cheap crystal car-
tridges commonly used in record players and radiograms, whereby stylus re-
placement is facilitated as the user simply replaces the complete stylus/canti-
lever assembly. This practice probably accounts for a common impression
that it is the whole cantilever which comprises the stylus and not just the tiny

* ‘Look at it This Way’, Hi-Fi News, January 1965.
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Fig. 16 Artist’s impression of a stereo record groove being traced by a stylus tip. Note
that each groove wall moves independently at 45 degrees to the disc surface. This is
approximately 500 times life-size.

piece of pointed material at one end. With this type of cartridge the stylus bar
usually rests across a block of plastic which transmits vibrations to the crystal
element(s) inside, it being fairly common on older versions to fit a further canti-
lever on the reverse side of the assembly which couples to the same crystal, the
whole cartridge being rotatable (see fig. 17) so as to make an alternative stylus
size available for playing shellac 78 r.p.m. discs.

With crystal pickups electrical energy is generated by the piezo-electric
effect, whereby when some types of crystal are stressed mechanically a voltage
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Fig. 17 Type of turnover crystal pickup cartridge found on older player systems, with
alternative styli for 78 and LP records.
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Fig. 18 Details of a high quality stereo ceramic pickup cartridge. The stylus bar is
removed and shown separately; when in position it transmits motions from the two
record groove walls via plastic bars to the left and right ceramic generating elements.

appears across the material. More sophisticated cartridges employing the same
transduction principle are ceramic types, ceramic materials being man-made
and therefore more amenable to accurate production techniques. An internal
view of a high grade stereo ceramic cartridge is shown in fig. 18, with the
stylus arm removed for clarity. The cantilever in this case is of plastic and is a
push-fit into the body of the cartridge, where its motions actuate two ceramic
elements placed at right-angles for generation of left- and right-hand signals.

Another type of transducer employed in stereo pickups is the #oving-magnet,
in which the cantilever terminates at the end remote from the stylus with a
tiny bar magnet. As this magnet is moved by the stylus bar it induces a varying
field in surrounding pole-pieces, this field passing through coils in which cor- -
responding electric currents are induced. The functional elements in this type
of cartridge are illustrated in fig. 19(a), though such a view of the ‘works’
would never be possible in practice as the pole-pieces and coils are normally
encapsulated in the cartridge moulding. However, a great convenience with
this type of design is that the stylus/cantilever/magnet assembly may be re-
moved intact simply by sliding out a small tube. Very similar to the moving-
magnet in both principle and appearance is the induced-magnet.

Yet another pickup transducer type is the moving-iron or variable reluctance,
(fig. 19(b)), in which the stylus can be in closer contact with the generating
element, the frequency and transient response thus being less dependent on
the mechanical behaviour of metal cantilevers (predictable), plastic cantilevers
(less predictable) or plastic blocks (almost unpredictable).
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Fig. 19 Functional parts of a stereo moving-magnet pickup cartridge (a), and aiagram-
matic representation of a stereo moving-iron pickup (b). '

Moving-coil cartridges will be found from time to time, as will sundry other
devices employing strain-gauge principles or controllable transistor action.
Whatever type of transducer is employed, there are a number of special tech-
nical considerations of particular concern for hi-fi use, things such as playing
weight, tracking performance, tracing distortion, frequency response, the
fundamental differences between piezo-electric and magnetic type, and several
other factors. These will all be examined in the next chapter.

Thus we come to the final basic signal source for home music reproduction:

" the tape recorder. Tape recording is a technique for storing audio signals. by
creating a magnetic pattern in a thin layer of iron oxide particles deposited as
a coating on a length of flexible plastic tape. Apart from that used in special
closed cassettes, domestic magnetic recording tape is a quarter of an inch in
width and is normally stored on spools, with the coated side facing inwards.
The length of recording or playing time available with a given spool size varies
according to: (a) the thickness of the tape used, there being five standard thick-
nesses; (b) the playing speed adopted, which will usually be one of three speeds
although there are again five choices domestically ; and (c) the number of zracks
recorded on the tape width. In the early days of tape recording the full width
of the tape was used for each recording, and when, later, two recordings were
accommodated along the same length of tape they were called half-track re-
cordings to distinguish them from the original full-track. Later still the tracks
were further sub-divided and called quarter-tracks. This nomenclature has
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persisted, and the reader may consequently come across the terms half-track
or two-track and quarter-track or four-track. The tape itself always looks the
same, being brown, shiny on the uncoated side, and quite unaltered in appear-
ance when a recording is present. Recording time, or rather a rough indication
of how much tape has been used on a given occasion, is registered by some sort
of tape position indicator (t.p.i.), usually a digital device rather like a
mileometer.

Recordings are put on to, and replayed from tapes by means of a zape-head,
a simple looking component across which the tape is pulled at constant velo-
city and which either generates a magnetic field from an audio input current,
to modulate the tape coating (recording), or picks up such a field from the tape
and generates corresponding electrical signals (replay). The important exter-
nal feature of a tape-head is its magneticgap (see fig. 20 (a)), analogous to the
air gap in a moving-coil speaker (fig. 11), though in this case carrying a field
corresponding to the audio signal and filled with some non-magnetic hard-
wearing material. In practice the gap may be barely visible as a fine vertical
line in the tape-head’s polished front, and a complete head will have a smooth,
uncomplicated appearance (fig. 20 (b)). Despite the gap’s minuteness, the
magnetic field that it interrupts reaches out slightly into the passing tape and
induces some magnetism there to pass on as a recording.

To satisfy the various track position standards, and to avoid fluctuations of
signal level and other technical difficulties, the tape must traverse the head at
a constant height as well as at a fixed speed. This brings us to the mechanics of
tape recording, which will be surveyed briefly before returning to the question
of tracks and the electrical side of recording and replay. Tape transport

SCREEMING
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Fig. 20 Externai appearance (idealised) of a tape-head (a) showing magnetic gap; and
photos (b) of some actual heads.
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mechanisms vary more widely than do turntable drive systems, with a welter
of belts, pulleys, levers, brackets, brakes, clutches and switches that will deter
most users from tinkering; we shall therefore here examine only the essential
elements.

Firstly, except in very cheap battery portable recorders the tape is not driven
through the system by the spools. If it were, the tape speed would change con-
tinuously in accordance with the diameter of tape on the spools. Except when
fast winding in one direction or the other, the feed spool and take-up spool
have relatively static functions, one normally receiving a slight braking drag to
prevent tape spillage and the other being rotated gently to take up the tape
without excessive drag or a tendency to modify the tape speed, which, as we
shall see, is controlled elsewhere. Separate electric motors are sometimes used
for the two spools, with a large reserve of power for reverse or fast-forward
winding. However, most machines employ one motor for all the tasks, with
various coupling arrangements to transfer the drive to the feed-spool for re-
verse winding, to the take-up spool for fast-forward winding, or to the capstan
for normal recording or replay, in the last case with some sort of slipping-
clutch giving the take-up spool its necessary mild torque.

The capstan is an accurately ground spindle that protrudes through the
tape deck top plate (see fig. 21), normally being coupled beneath to a flywheel
which is in turn driven by the motor. The rotational velocity of the capstan
sets the tape speed, and some mechanism analogous to that employed in
gramophone turntables (fig. 15) is used to change the capstan speed in relation
to the driving motor.

When the mechanism is operated for record or replay a rubber or plastic-
composition pinch-wheel is pushed against the capstan, thus sandwiching or
‘pinching’ the tape and causing it to move from left to right at a speed set by
the capstan’s surface velocity. Suitably positioned guides (see fig. 21) control
the tape’s vertical position and stabilise its motion, and on many recorders
pressure-pads move into position at the same time as the pinch-wheel to ensure
that the tape makes intimate contact with th'e heads.

Two tape-heads are shown in fig. 21, one for tape erasure and one for record
and replay. The erase head is fed with a continuous high-level signal in the
region of 60 kHz when the machine is switched to the record mode, and an
appropriate part of the tape width is thus scanned with rapidly oscillating
magnetic energy which removes any earlier recording from the relevant track.
Immediately after passing the erase head the tape traverses the record/replay
head, which again scans the appropriate track and, depending on the mode of
operation, either implants a fresh recording on the tape or extracts a signal
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Fig. 21 Tape path in a recorder. When mechanism is switched on the pinch-wheel and
pressure-pads move in as indicated, the tape then being gripped between capstan and
pinch-wheel and forced into intimate engagement with the heads.

from it. In the latter case the recording remains on the tape, much as mechani-
cal modulation in a disc groove manages to impart its ‘information’ to a pickup
without being removed. In more expensive recorders there is sometimes a
third tape-head; this is used for replay only, the second head then being con-
fined to recording. This permits greater flexibility and refinement of design, a
particular advantage being that when recording it is possible to listen to what
is recorded on the tape an instant after it is recorded rather than much later,
when one may discover faults that might have been avoided.

With two-track monophonic (single-channel) recording the magnetic gap in
the head is so positioned in relation to the tape path that something a little less
than the upper half of the tape width passes across it. This is shown in fig.
22(a) where, looking as it were through the tape from the uncoated side, it is
apparent that as the tape moves from left to right a recording is implanted on
the upper track. When the whole length of tape has been recorded in this
manner the empty left-hand spool may be removed, the full take-up spool
taken off the right-hand spool hub, inverted, and placed on the left-hand hub.
If the tape is then rethreaded, the first track will be at the bottom and another
may then be recorded from the same head gap (fig. 22(b)). For two-track
stereo recording a two-in-one head is used, with two half-track gaps one above
the other. In this case the recording goes once only along the tape length (fig.
22(c)), the top track carrying the left-hand channel and the bottom track the
right-hand.

For quarter-track recording the tape-head is again a two-in-one device, but
with appropriately smaller gaps arranged as shown in fig. 23. Here, for mono
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Fig. 22 Derivation of track positions on two-track (half-track) mono and stereo tape
recordings.

recording one first uses Track 1, then the spools are reversed as for half-track
work, bringing what was the bottom tape edge to the top for recording Track
4. The spools are again reversed, but for this next change a track selector
switch has to be operated to bring the lower head gap into operation, thus re-
cording on Track 3. Finally, with a last reversal, but leaving the lower track in
operation, Track 2 is recorded. For stereo recording on four tracks both halves
of the head are in operation, the left and right signals being implanted on
Tracks 1 and 3 in one direction and on Tracks 4 and 2 on the other.

On the tape recorder’s electronic side there are two special sets of require-
ments in addition to a continuous oscillation for erasure already mentioned.
For recording purposes a high frequency bias waveform is added to the audio
signal to overcome certain characteristics of the magnetic recording process
which would otherwise introduce severe distortion. Provision of this bias and
the erase power - often from the same oscillator circuit — and satisfaction of
other technical points concerning the manner in which the signal is fed to the
record head, normally means that several valve or transistor stages must be

Fig. 23 Derivation of track positions on four-track (quarter-track) tape recordings. For
stereo the L/R signals may be carried on 1/3 or 4/2.
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employed specifically to make the recording process possible. Also, some
means of indicating to the user the amplitude of signal fed to the head is in-
corporated, whether a meter or ‘magic eye’, so that overload distortion may
be avoided. It is perhaps worth mentioning in the non-hi-fi context of this
chapter that in some of the cheap battery-powered recorders mentioned earlier
a permanent magnet is used for erasure and ‘DC’ bias is applied with the
signal to the tape-head.

For replay purposes the output from the tape-head must be amplified up to
a level suitable for ordinary handling in audio circuits, and, more important,
its response must be corrected. As we shall see, gramophone records employ
one agreed standard recording characteristic; but the frequency correction
needed with magnetic tape changes with both tape speed and type of replay
head, quite apart from the existence of various standards which might be
applied to commerecial tape records. Essentially, a tape-head responds to rate-
of-change of magnetic flux as a recording passes along, and for a given recorded
intensity it therefore follows that the higher the frequency the higher the out-
put, and vice versa. Because of this, low frequencies have to be boosted very
considerably, though in practice the output does not go on rising indefinitely
at high frequencies as a point is eventually reached where a recorded wave-
length on the tape is of the same order of size as the head-gap width. At such a
frequency a recorded waveform would have both its positive and negative half
cycles within the gap at one time; these would cancel each other magnetically
and no output would be produced from the head. Clearly, high recording and
replay speeds give greater wavelengths on the tape, and thus the cancellation
point moves up in frequency. For this reason the optimum replay response
curve changes with speed, as does the useful upper frequency limit, making
high tape speeds preferable for hi-fi work. Detailed points related to this will
be covered in the next chapter, though it may be noted that — other factors
being optimised - a tape speed of 15 inches per second (i/s) is superlative, 7}
ifs is excellent for most domestic- musical purposes, 3% i/s can be very good,
1% ifs is suspect but improving, and 45 ifs is almost useless for music.

Tape recording and recorders, like most of the other basic elements covered
in this chapter, is a vast subject which can only be skimmed in a survey such as
this. However, the information presented on the various links in the audio
chain should provide at least a framework for the reader without prior elec-
tronic knowledge, and will help understanding when we move through hi-fi
specifications on our way back to more musical matters.



4. HIGH FIDELITY I: TAPPING TIIE SOUND SOURCES

IN CHAPTER 2 we unravelled seven strands from the entangled acoustic tex-
ture of musical sounds, strands comprising essential guide lines to quality and
realism in the reproduction of music. The more technical reader might reason-
ably have expected that analysis to be followed immediately by an extension
and refinement of those seven pointers to cover specifications of high fidelity
equipment. However, such specifications do, after all, arise from the limita-
tions and possibilities of basic components, so another section intervened with
a short course on the main links in the reproducing chain for the benefit of
those — certainly a majority of music lovers — who have no notion of what items
lie beyond the control knobs or how they work. Now, assuming the essence of
the previous two chapters to have been absorbed, it will be useful to attempt
some definitions, or at least descriptions, of hi-fi in terms of performance fea-
tures for the separate components. This will be divided into two chapters, the
first dealing with techniques used for converting the available sound sources
into electrical signals, and the second covering reception, control and amplifi-
cation of such signals and their conversion back to sound vialoudspeakers. This
amounts to chopping the component scheme laid out in fig. 14 (page 54) into
mechanical/magnetic and electrical/acoustic parts, with pickups, turntables and
tape recorders in this chapter, and tuners, amplifiers and speakers in the next.

Firstly, partly as a reminder that most of the work has been done before
domestic equipment even comes into the picture, and partly to warn that at-
tempting to reproduce subtleties not included in the available signals is a waste
of effort, it will be useful to examine the normally accessible sound sources
themselves.

Radio is the most prolific source of music at low cost and good technical
quality. But there are difficulties and limitations, for in the U.K. reception of
AM transmissions on the MW and LW bands is subject to severe quality res-
trictions, and while the FM service is vastly better, the techniques used for
‘piping’ the audio signals around the country sometimes limit the upper end of
the frequency scale. Another difficulty is that the dynamic range on music
programmes is often restricted to ease things for AM listeners, who inevit-
ably suffer from a higher level of background noise and who still comprise
(1971/72) a large proportion of any BBC sound radio audience. High back-
ground noise means that the very quietest music passages must be raised in
level to avoid their loss through masking, and since there has to be finite peak
modulation on transmitted radio signals, this means that the space available
for manoeuvre between upper and lower limits is in practice often not much

66
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more than 30 dB. This is satisfactory for most music up to Haydn and Mozart
but inadequate for realistic reproduction of nearly all later full orchestral
works. But the degree of inadequacy depends on the skill used in compression,
and as this is done manually there is some variation in the end result when
judged subjectively. For instance, by easing down the volume for a bar or so
immediately preceding a fortissimo tutti outburst rather than at the moment
of impact, the studio operator can do much to retain an impression of the ori-
ginal dynamics. Also arising from concern for the average listener’s eventual
signal-to-noise ratio, broadcasting authorities often use something approach-
ing the full modulation level for peaks in speech as well as music. In conse-
quence, if music is reproduced at a natural loudness the announcements be-
tween items in broadcast concerts sometimes tend to leap out at the listener
rather aggressively. Another limitation on speech quality is some exaggeration
of low frequency chest tones due to microphone types and placings used by the
BBC for news readers and many solo talkers. But this is improving.

These negative points, though serious, should not deter the reader from pur-
suit of music in the home via radio, for the BBC offers an unparalleled wealth of
music, covers practically the whole population of the British Isles with a net-
work of FM transmitters, and is slowly extending its stereo programme ser-
vice to the major population centres via those stations. Sound radio listening
via AM on the medium and long wavebands is probably going into decline in
favour of FM at very high frequencies (VHF), and we are benefiting from
a gradual realignment of audio standards in accordance with the better sys-
tem’s capabilities. At present, a steadily expanding stereo service is avail-
able on VHF/FM from the BBC’s transmitters at Wrotham (London and the
South-East), Sutton Coldfield (Midlands) and Holme Moss (North), and it is
clear that on those occasion when, say, a live musical event is relayed from a
London concert hall without technical mishap under the control of an engineer
with a perceptive approach to the music’s dynamics, the result in the home is
quite superb and enough to convert any visiting music lover to stereo/FM
without more ado.

Gramophone disc records are probably the most important, if by no means
the cheapest source of music for high-quality domestic reproduction. Indeed,
it might fairly be claimed that practically the whole modern hobby of hi-fi is
based on the LP record, which often kindles a first audio interest for technical
and musical alike. As with radio, technical quality is variable; but the best
discs are superbly good and it is generally possible to locate excellent record-
ings of most works in the standard concert and operatic repertoires.

There need be no serious degradation of musical dynamic range via the disc
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medium, as the practical extremes of groove modulation are equivalent to a
span of 60 dB, the theoretical lower limit set by the vinyl material being some
80 dB below peak recording possibilities. In practice, some noise may be
introduced at various points in the multitude of stages between studio micro-
phones and commercial pressings — some discs even carrying recorded rumble
and noise from passing traffic! — and during replay there are dust problems to
contend with. But 55-60 dB in any case copes with all but the most exception-
ally massive music, and if the listener still feels cheated of the full impact of
molto fortissimo orchestral brass even when listening to the most dynamic of
recordings via the best of equipment, this is probably due not so much to phy-
sical limitations of the disc medium as to various psycho-acoustic factors.

In a similar category are such matters as differences in instrumental and
vocal/orchestral balance, reverberance or ‘deadness’, naturalness or artificiality
of ambience, and other things dependent on microphone placings in the re-
cording studio. Recording producers have various ideas on what is legitimate
when music is to be consumed at home rather than in the concert hall, and
such ideas are reflected as variations in the balance or character of sound on
discs from different recording companies. This imposes not so much a limita-
tion in quality as a variety of aural ‘house styles’, and as a considerable propor-
tion of the record industry’s vast annual non-‘pop’ output fully justifies the
use of high quality replay equipment from all other points of view, we can
award high marks to the gramophone record as a source of music for hi-fi in
the home.

This leaves tape, regarded from time to time as a viable aiternative to disc
for commercial music recordings. There are many legitimate and interesting
non-hi-fi uses of tape recorders which must remain outside the scope of this
book, but the fortunate minority of enthusiasts able to record ‘live’ musical
performances with good microphones and semi-professional machines will
confirm that the possible standard of reproduction is very high. However, vari-
ations in quality due to deficiencies in mass-copying techniques, some restric-
tion of dynamic and frequency ranges at the tape speeds commonly used for
commercial recordings, the exasperating business of locating particular musi-
cal passages or movements and the corresponding waste of time running tape
back and forth - these factors have until recently militated against tape as a
substitute for the gramophone record. ,

Because disc recording and reproduction involves the seemingly crude
mechanical business of cutting a pattern of wiggles and then using these
wiggles — after transfer via ‘Master’, ‘Mother’ and stamper to commercial
copies — to vibrate a pickup stylus, there is a widespread assumption that the
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disc medium must be inherently inferior to magnetic tape. It is often remarked
that original recordings are always made on tape, and that the known and irre-
ducible distortions involved in the disc cutting/processing/replay sequence are
bound to degrade the sound we eventually hear. However, that the degrada-
tion can be minute indeed has been demonstrated publicly from time to time,
as when Decca’s recording chief Arthur Haddy has played master tapes and
discs of the same musical passages to audiences who have been hard pressed to
detect any difference. It is true that a carefully made ‘one-off’ copy, tape to
tape, of an original recording can be extremely fine, but the practical problems
of large-scale copying for commercial tape records to replay at speeds below
7% i/s have frequently involved inconsistency from sample to sample. Also, the
potential signal-to-noise ratio of tape at low speeds is inferior to that obtain-
able from disc. However, the great success in recent years of tape cassette
recordings for the popular market has prompted fresh research into this
medium’s hi-fi prospects, with promise of a brighter future. At present we
must still regard commercial tape records with some doubt as a prime hi-fi
signal source; but, as noted earlier, for private recordings tape can be superb.

Having glanced at the basic sound sources available to the home music en-
thusiast, we shall now take each of the main component links in a hi-fi repro-
ducing chain concerned with converting the sources into electrical signals, and
see what can be expected in terms of the seven technical strands.

First comes the pickup, which, as remarked before, has one of the most deli-
cate and prodigious tasks in the whole gamut of sound reproduction. A tiny
piece of sapphire or diamond is required to follow, mechanically and simul-
taneously, two recorded waveforms of almost unbelievable complexity, faith-
fully transmitting their vast range of amplitudes and accelerations to indepen-
dent generators which provide exact electrical equivalents of the undulations
implanted on the two groove walls. The word ‘exact’ is here used relatively,
for no pickup is perfect and hi-fi models are simply somewhat less inexact than
the types used in mass-produced record players and radiograms. How small
that inexactitude can or should be is best considered, first, in relation to non-
linear distortion, which we have seen leads to harmonic and intermodulation
products generally regarded as objectionable. The term non-linear refers to
the uneven response of a device — be it pickup, amplifier, microphone or
speaker - to signals of differing amplitude, leading, for instance, to progres-
sive ‘clipping’ of waveform tops as the reproduced material gets louder.
Another way of looking at this is to regard any deviation from the recorded or
transmitted waveform as a species of non-linearity in the sense that the original
line is not being followed exactly. Waveforms will also be reshaped by a poor
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frequency response, but when this happens the original patterns may some-
times be recreated by adding suitable corrections. However, genuine ampli-
tude non-linearities produce actual harshness which cannot be removed or
corrected except in a limited and special way which we shall consider in the
next chapter in relation to control unit facilities.

In gramophone pickups there is one definite and inevitable misdemeanour
which causes trouble of this sort — it is called tracing distortion and arises be-
cause of a difference in shape between the cutter tip used to engrave the
groove on the original lacquer disc and the stylus tip used to play the commer-
cial pressing: one is a sharp-edged chisel and the other is approximately
spherical. The problem is illustrated in fig. 24, showing a simple lateral wave-
form in relation to both cutter and pickup stylus tip. The cutter’s sharp cor-
ners ensure that whatever motion pattern may be imparted to its centre (wavy
dotted line) is accurately duplicated on both groove walls; but the spherical
replay stylus cannot reciprocate, for its points of contact with the groove vary
continuously as the modulation changes, resulting in a distorted motion pat-
tern (angular dotted line) and consequent distorted electrical waveform out
from the pickup. In extreme cases the relatively clumsy round tip cannot gain
full access to sharp high frequency troughs, so it just bumps across as best it
can, producing yet more distortion. This condition has just been reached at
the two lowest points on the groove in fig. 24. Another complication is that a
tip of finite radius will vary its depth of penetration according to the waveform

PATH FOLLOWED PATH FOLLOWED
BY CUTTER BY REPLAY STYLUS

Fig. 24 Tracing distortion arises from differences in shape between the original cutter
used by the recording company (a sharp-edged chisel) and the replay stylus — usually a
cone with a spherical tip.
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- hence the changing diameter for an exact fit seen in the diagram - and the
resulting vertical motion of the stylus, known as pinch-effect, produces un-
wanted electrical outputs if the pickup is a stereo type, for, as we shall see
shortly, a stereo cartridge has to respond to both lateral and vertical move-
ments of the groove. This may all seem rather dreadful, though the situation
is not as black as it may appear, for waveforms with the sort of sharp angles
leading to the troubles depicted in fig. 24 are equivalent to high recorded fre-
quencies, so the harshness of distortion does not occur within the texture of
instrumental sound but affects the higher harmonics only.

Related to this is an old bogey of the gramophone called inner groove distor-
tion, whereby the quality of sound deteriorates as the pickup moves across the
record. Disc records rotate at a constant number of revolutions per minute,
which means that the actual linear speed of the groove past the pickup stylus
is greater at large diameters than it is towards the middle, the distance round
the outer groove of a twelve-inch record being thirty-six inches, falling to
fifteen inches at the inner groove. This means that a piece of recorded musical
waveform lasting, say, for one second will occupy twenty inches of groove in
one position and only just over eightinches in the other. Either way, the num-
ber of cycles, undulations and wiggles making up the waveform must still
be accommodated, though it is clear that when cramped into eightinches they
will all be closer together than when allowed to stretch to twenty inches. In
other words, recorded wavelengths are shorter at the inner grooves of a record,
and high frequency fluctuations which may be relatively large in relation to a
given stylus at the outer diameters can begin to cause appreciable distortion
when only two-and-a-half inches from the disc centre.

What are the hi-fi solutions to this tracing distortion problem? Looking at
fig. 24, it might occur to the reader that if a really minute replay stylus tip
were used it would follow the true waveform pattern right down at the bottom
of the groove — almost a point, in fact, tracing the path made by the cutter’s
point. Unfortunately there are two practical snags to this, one on the record
and the other in the pickup. Although the front view of the cutter in fig. 24
shows a sharp right-angled tip, various mechanical factors and the behaviour of
the lacquer as it is cut prevent the groove from adopting this precise shape,
practical record grooves having a slightly rounded and irregular profile right
at the bottom. The dimensions involved mean that the radius of a spherical tip
cannot be reduced much below half one thousandth of an inch (0-5 mil or 13
microns) if all makes of record are to be played without risk of ‘bottoming’,
which fault may manifest itself as excessive surface noise and/or a curious
fuzzy type of distortion because the stylus cannot settle firmly against the two
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(Q) BOTTOMING (D) CORRECT CONTACT

Fig. 25 A replay stylus of correct frontal radius (right) sits comfortably against the two
groove walls, while a tip with too small a radius (left) may run on the groove bottom.

groove walls. The beginnings of this unstable situation are shown infig. 25(a),
it being preferable to choose a tip radius which causes the stylus to be securely
supported by both groove walls, well away from the bottom, as in fig. 25(b).
The other practical objection to very small stylus radii is that even if groove
shaping would permit, say, use of a tip with a radius of 0-1 mil, at normal
playing weights this would dig into and damage the groove as well as suffering
very rapid wear. We shall see shortly that there are other design difficulties
when it comes to reducing that ‘normal playing weight’, so the ultra-small
spherical tip radius approach to the problem of tracing distortion must be
abandoned.

Note particular use of the phrase ‘spherical tip radius’, for there is another
‘way of reducing the effective radius which involves departure from a simple
rounded cone. Ideally, we need a replay stylus which sits safely across the
groove as in fig. 25(b) when viewed from front or rear, but which nevertheless
has relatively narrow corners in contact with the sides of the groove when
viewed from above, in order to follow more closely the intricate movements
traced out by the cutter’s sharp edges. Such a stylus is the elliptical or
bi-radial type (fig. 26), sitting with its major radius astride the groove for firm
support without ‘bottoming’, and with its minor radii making more intimate
contact with groove wall undulations than could be obtained with a spherical

SMALL LARGE
RADIUS RADIUS

Fig. 26 An elliptical or bi-radial stylus combines small radii at the sides to minimise

tracing distortion with a large frontal radius to avoid ‘bottoming’. It is shown here sitting

in a stereo groove with sharp high frequency modulations on one wall and a less severe
waveform on the other.



High Fidelity: Pickups 73

tip. The combination of large and small curvatures overcomes the ‘digging in’
problem mentioned as an objection to very small spherical tips, a practical bi-
radial stylus having major and minor radii of 0-7 mil and 0-2 mil respectively.
To minimise wear and other problems it is wise not to use this type of stylus in
a pickup cartridge needing a playing weight of over two grams (2 gms), but the
best cartridges all perform satisfactorily at forces below this.

The general situation in relation to tracing distortion and stylus shapes and
sizes may be summarised as follows. The spherical tip most commonly used in
pickups intended for playing both mono and stereo records has a 0-7 mil
radius, this being almost universal in record players and radiograms. A pickup
with such a stylus, if used in conjunction with high quality equipment - in-
cluding loudspeakers which reveal all the subtleties of sound at high frequen-
cies — will not do full justice to the best recordings, particularly at the inner
grooves on stereo discs, where tracing distortion will become objectionable
during loud climaxes. Pickups generally regarded as being in the hi-fi category
therefore employ either spherical tips in the region of 0-5 mil radius or ellipti-
cal tips with dimensions near to those mentioned in the previous paragraph.

A quite different approach to the problem of tracing distortion is to
standardise the replay stylus at,say,0-7 mil spherical for all types of equipment,
including the most sophisticated, and then distort the recorded waveforms ina
predetermined fashion such that the eventual path traced by the pickup stylus
resurrects, phoenix-like, the original ideal waveform. Such an approach could in
theory finally eliminate all the difficulties created by the inevitable geometrical
differences between cutter and replay stylus. Techniques of this sort were
pioneered commercially by RCA-Victor on their Dynagroove discs, and early
doubts about the resulting recorded quality are now collapsing as methods .
improve. Other record producers are experimenting with such ideas, and it
may well come about that a standard process will be evolved giving minimum
distortion for all types of pickup using an agreed stylus tip size. However, this
is for the future, and high fidelity at present demands that tracing distortion in
general and inner groove deterioration in particular be minimised by paying
careful attention to stylus shape and size.

So much for tracing which, though a geometrical problem, is sometimes
confused with tracking, a mechanical matter. Even in the absence of tracing
errors it does not necessarily follow that a stylus will faithfully adhere to both
groove walls during all the complexities, amplitudes and accelerations of actual
musical waveforms. The groove has to move the stylus in accordance with its
own changing shape, and if the stylus is too rigid or too massive it will be dis-
inclined to move when the groove shifts either too far or too fast. When this
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situation arises the stylus, in trying to resist lateral motion, is forced to climb
up one groove wall or the other, and in extreme cases it may leave the groove
completely and jump into the next one. This sort of behaviour manifests itself
in reproduction as audible distortion, which may be reduced or eliminated by
increasing the playing weight of the pickup.

The ability of a pickup cartridge to track heavily modulated records is
known in popular parlance as its trackability, which may be measured in terms
of the smallness of the playing weight needed to avoid mistracking when re-
producing the most severely modulated grooves. The opposition to stylus
motion in a pickup is known technically as mechanical impedance, the main
components of which are stiffness and mass or inertia. Stiffness is more easily
expressed by its reciprocal compliance, which is simply an indication of the
ease with which the stylus may be deflected from its neutral position by appli-
cation of a known force. This is measured in compliance units (c.u.) and deter-
mines the ability of a cartridge to track large low frequency modulations. At
the other end of the frequency scale the limits are set by the effective mass (or
inertia) ‘seen’ by the record groove when it attempts to move the stylus very
rapidly, and it is common to express this (not necessarily honestly or meaning-
fully) in milligrams (mg). With good pickup cartridges these parameters per-
mit playing weights in the region of one gram, at which pressure record wear
may be completely discounted and wear of diamond styli is extremely slow,
permitting the playing of several thousand LP sides before there is significant
deterioration.

The sort of hi-fi cartridge to work in this fashion would have an effective tip
mass (or ‘mass referred to stylus tip’) in the region of 1 mg and a compliance
around 20 c.u. However, in both cases the manufacturer’s specification might
qualify such figures in accordance with the direction of stylus movement, for
stereo pickups must permit the stylus to follow the independent motion of two
groove walls, which necessarily involves freedom of movement both laterally
and vertically. How and why stereo groove modulations may be related to
movements up-and-down and side-to-side is commonly misunderstood, so it
will be worth devoting a few sentences to this.

An ordinary mono record groove simply moves laterally as in fig. 24, and a
perfect stylus not subject to the minor parasitic vertical pinch-effect move-
ments would, if tracing and tracking correctly, also simply move from side to
side. On a stereo disc the two groove walls carry related but nevertheless inde-
pendent signals, each wall undulating at forty-five degrees to the record sur-
face. The reader may care to refer back to fig. 16 (page 58) for a close-up view
of this situation. What happens to the groove from moment to moment with
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various combinations of left and right signal is illustrated in fig. 27. With
modulations on one groove wall only, whether left or right ((a) and (b)), it
will be seen that a stylus perched firmly in the groove as in fig. 25(b) must
move both laterally and vertically. In stereo recording and reproduction those
sounds emanating from the centre of the ‘picture’ are represented by exactly
equal signals in the left and right channels, and in accordance with an agreed
convention such signals operate the disc cutter so that as one wall goes up the
other comes down (fig. 27(c)), resulting in purely lateral groove movement.
This, of course, is the same as on mono discs, which can be regarded from this
point of view as stereo recordings of central sound sources only. The last con-
dition depicted in fig. 27 represents the extreme case of a groove moving
purely vertically, where the two signals are momentarily in total opposition or,
in technical jargon, out-of-phase. This is a freak situation normally avoided by
the recording companies, it being generally safe to assume that the vertical
motions of a stereo groove do not reach more than a half or third the maxirmunt
lateral amplitude. For this reason it is not strictly necessary for the mechanical
impedance at a pickup’s stylus tip to be as low in the vertical direction as it
needs to be laterally, and with some types employing the moving-iron mech-
anism this aids design, the associated technical specification making a distinc-
tion, for instance, between lateral and vertical compliance.

All this concern to arrange the geometry and mechanics of the stylus for
accurate tracing and tracking of the two signals carried by a stereo groove
would be to no avail if the resulting stylus motions were not in turn conveyed
to two generators or transducers able to respond independently to left- and
right-hand modulations. Independence is the key word here, it being import-
ant to achieve the maximum possible separation of the two signals. In practical
pickups channel separation tends to be at its best at middle frequencies, un-
wanted crosstalk creeping in at the frequency extremes. Thus it is common in
pickup specifications to give the channel separation, at, say, 1 kHz only, though
the better cartridges may claim and achieve a separation of 20 dB or more over
most of the audio band, perhaps reducing to 10 dB above about 10 kHz.
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Fig. 27 Cross-section of stereo record groove showing various modulation conditions.
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The ease with which the two signals may be separated and yet remain bal-
anced with regard to sensitivity and response depends on the type of trans-
ducer employed and the mode of mechanical coupling interposed between
stylus and generator. Due to the greater inherent stiffness and mass of crystal
or ceramic transducers it is necessary with these to transmit the stylus motions
via compliant plastic bars or blocks, tending to introduce an element of in-
consistency from sample to sample and creating, for some ears, a type of
sound somewhat lacking in inner delicacy. For reasons of this sort the cart-
ridges generally regarded as best from the hi-fi point of view — particularly for
transient response — are magnetic types (moving-magnet, moving-iron, vari-
able reluctance, moving-coil, induced-magnet).

Frequency response is also generally somewhat smoother and flatter with
magnetic cartridges, though there is a complication here due to an inherent
difference between magnetic and crystal/ceramic types in the way in which
stylus movements are translated into electrical signals. As the groove — and
with it the stylus — moves back and forth it could be said that for any given
frequency and amplitude of modulation it oscillates at a particular rate or
velocity, and it is this characteristic of the recorded waveform to which a mag-
netic pickup responds. Crystal and ceramic types, on the other hand, give an
electrical output proportional to the magnitude of stylus displacement, re-
gardless of frequency. Now, in order to avoid excessive recorded amplitudes
at low frequencies and to improve the overall signal-to-noise ratio in disc
playing systems, the frequency response of the signals actually cut on to the
record groove is tilted according to the internationally agreed curve shown in
fig. 28. This curve is a measure of the relative modulation velocity, and as
magnetic pickups are velocity-sensitive devices they give an output following
this pattern, which must be corrected in the associated amplifier control unit.
It is therefore assumed when specifying the performance of a magnetic pickup
cartridge that the appropriate frequency response correction is applied. The
relative depression of low frequency velocity and boosting of higher frequen-
cies involved with the standard recording characteristics means that the actual
physical amplitudes of groove displacement are more nearly equal than would
be the case with a ‘flat’ recorded response. This being so, designers of crystal
and ceramic cartridges arrange that the effective overall response of disc and
pickup combined is reasonably flat, no further correction being needed in the
amplifier.

These differences of response are paralleled by differences in output level,
magnetic cartridges delivering a few millivolts (mV) only and ceramic types
giving something like 50-200 mV. Pickup output levels are often specified as
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Fig.28 Standard recording curve for discs (solid line) adopted to avoid excessive ampli-

tudes at low frequencies and preserve a good overall signal-to-noise ratio at high fre-

quencies when corresponding equalisation is applied on replay (dotted curve). This is
sometimes referred to as the RIAA curve.

sensitivities in relation to disc modulation, the recorded velocity at 1 kHz being
used as a reference. Thus the expression ‘1-5 mV/cm/sec’ means that the elec-
trical output will be one and a half millivolts (1-5 mV) when the recorded
waveform has a velocity of one centimetre per second (cm/sec). As a rough
guide, it may be assumed that the average recorded velocity on a music disc is
about 5 cm/sec, and a pickup with the above sensitivity would therefore de-
liver an output from this of 1-5 x 5 = 75 mV. When choosing equipment,
such figures must be considered in relation to the input sensitivity of the asso-
ciated control unit.

Before leaving pickup cartridges for a look at the arms used to carry them
across the record, it will be worth examining the response and crosstalk curves
of a typical high quality stereo magnetic device. These are shown in fig. 29 in
the form in which they might appear in a published test report. The frequency
response is smooth and flat over most of the range, the output declining a little
above 5 kHz but then rising again to a peak at 16 kHz. A response of this sort
is by no means universal, though it is generally difficult in design to avoid
some irregularity at high frequencies, and the general shape shown in fig. 29
may be regarded as very good if not perfect. A small difference of overall level
between the left and right outputs is evident in this case, but is less than one
decibel and would be of no consequence in practice. The crosstalk curves
show the extent to which modulation on one groove wall will cause an electri-
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Fig.29 Frequency response and crosstalk curves of a high quality magnetic stereo pickup
cartridge. Note that response is within + 2 dB over the whole range.

cal output to appear in the wrong channel, such an output indicating imper-
fect correlation between stylus motion and the resulting generator motion. It
will be seen that channel separation is poorest where a peak occurs in the re-
sponse. This is because high frequency peaks are due to mechanical reson-
ances, and at their resonant frequencies objects tend to get a little out of hand
when set into motion. It could be, for instance, that at 16 kHz the stylus canti-
lever has a natural tendency to vibrate laterally rather than at forty-five de-
grees to the record surface, and since lateral motion will produce equal out-
puts in the two channels one could expect to see some decrease of channel
separation at this frequency. In inferior cartridges the high frequency reson-
ances are less well controlled or ‘damped’, resulting in both higher peaks in
the response curve and poor channel separation.

At the other end of the frequency band the response is just beginning to rise
at 30 Hz, with an associated worsening of crosstalk. Poor channel separation at
very low frequencies is not particularly troublesome for the stereo listener as
most of the directional information occurs higher up the scale. However, a
peak in the response — even if at a frequency too low to be heard - can be
troublesome mechanically in connection with pickup arm behaviour when
playing warped records. Which brings us to arms.

An ideal pickup arm is neutral, its function being simply to allow the cart-
ridge to move across the record at the correct height and angle with a playing
weight appropriate to its tracking ability: it should add very little mass to the
cartridge and offer no frictional opposition to its progress. There is a common
confusion over the subject of masses and weights, arising perhaps from the
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usual practice of referring to playing weight rather than downward force, and
also because the everyday unit of force — the gram or ounce - is also used for
weight and mass. A typical magnetic cartridge would weigh about 7 gms, even
though the downward force or playing weight required for good tracking
may be only 1 gm. A pickup arm would therefore have to provide an upward
force of 6 gms to counteract the unwanted part of the cartridge weight, leav-
ing just 1 gm for playing purposes. Although in these circumstances the
effective static weight or force on the stylus - as measured by a small pair of
scales — would be only 1 gm, the actual mass of the cartridge is still there in a
dynamic sense when the pickup head is moved suddenly - as by a warped
record.

This may perhaps be illustrated by an analogy with hinged doors. An elderly
house has a thick oak front door mounted on massive stable-door hinges, while
the entrance to a recently installed toilet off the hall is a light structure made
up from hardboard panels. In both cases the full weight is taken by the hinges
and the doors are free to swing without scraping the floor - rather like a pickup
in which all the cartridge weight has been cancelled, leaving the arm free to
swing just above the record surface. Imagine that both doors have been left
ajar. A child playing in the hall falls against the toilet door, which responds by
swinging away fairly swiftly ; then the child falls with similar force against the
front door, but the latter’s much greater mass keeps it in place: child runs to
mother with bumped head. Likewise with pickup arms, where the rapid
movements sometimes imparted by a warped disc can, as it were, bump their
heads if the effective mass or inertia of the arm/cartridge combinations is too
high, though the ‘bump’ would in this case be taken by the compliance asso-
ciated with the stylus and transducer, perhaps causing the cartridge to distort
or mistrack if it happens at a moment when heavy groove modulation is
already straining the stylus to the limit set by its playing weight.

With any arm/cartridge combination there occurs what is commonly called
the ‘main arm resonance’. This is at a low frequency determined by the total
effective mass at the pickup head and the compliance of the stylus. With a
given mass the resonant frequency goes down as the compliance is increased,
or with a given compliance it goes down as the mass is increased. It is obviously
desirable that this resonance shall not affect the pickup’s frequency response,
though with high quality cartridges it normally occurs well below the audio
band, the slight rise at 30 Hz in fig. 29 being typical of the minimal effects to
be expected. In practice the danger is of the opposite sort, for if the resonance
occurs at too low a frequency it can move into the region where certain types
of rapid warp or ‘ripples’ occur on some discs and where floors or furniture



80 Hi-Fi in the Home

might vibrate as one walks across the listening room. Thus there are good
reasons for a ‘lightweight’ approach in the design of pickup arms, it being
generally desirable to minimise extra mass added to the cartridge by head-
shell, arm and counter-weighting or counter-springing arrangements. This
improves general stability, as do facilities found on the more sophisticated
designs for balancing the system in various planes.

Bearings must be of high quality so that frictional drag which would oppose
the pickup’s progress across the disc — or oppose its back-and-forth motion on
an eccentric record - is kept to an absolute minimum. With cartridges able to
track at a downward force of 1 gm this requires that extraneous side-thrusts,
whether from bearing friction or badly arranged connecting leads, be less
than about 0-1 gm or 100 mg; otherwise the playing weight must be increased,
as any extra lateral force tends to push the stylus away from one side of the
groove and thus reduce its effective playing weight on that wall.

There is another type of unwanted side-thrust, this time connected with
pickup arm geometry and referred to briefly in the last chapter. When records
are made, the cutting stylus moves across the disc in a straight line from the
outside edge towards the centre spindle - along a true radius. Most pickup
- arms, however, rotate about a pivot, causing the stylus to follow a curved path.
It can be seen from fig. 30 that a simple straight arm will therefore position the
cartridge correctly at one point only along its traverse, and that in other posi-
tions the natural motion path of the stylus will not be at right-angles to the
groove, as it must be if it is to follow the implanted waveform accurately. This
is called tracking error or, more correctly, lateral tracking error to distinguish
it from the vertical motion path of the stylus in a stereo cartridge, which is by
convention fifteen degrees forward from truly vertical. This aspect of cartridge
behaviour is often quoted in specifications as vertical tracking angle. The com-
mon means of reducing lateral tracking error to something in the region of two
degrees in the worst position is also shown, in outline, in fig. 30. If the centre-
line of the head or cartridge is offset from the arm’s main axis — either by bend-
ing the arm or suitably angling the head on a straight arm - and the pivot so
positioned that when the head is swung to the record centre the stylus over-
hangs the spindle by a pre-determined amount, it is found that over the
recorded portion of the disc the cartridge axis remains very nearly at right-
angles to a line drawn to the record centre.

Apart from a few special arms containing pivoted levers or equipped with
other ingenious means of achieving parallel tracking, this offset-plus-overhang
idea is practically universal on pickup arms - as is the side-thrust which it
causes. Fig. 31 shows a practical arm incorporating the geometry introduced in
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Fig. 30 This shows the unavoidable tracking error with a simple straight pickup arm
(top) and how the error can be negligible with an arm employing conventional offset and
overhang (bottom).

the previous diagram. With the cartridge oriented correctly in relation to the
groove, the latter moving past the stylus strictly in line with the pickup head’s
axis, it follows that any forward frictional drag exerted on the stylus by the
groove does not simply pull directly and neutrally on the pivot, but, when pro-
jected back, is seen to apply a clockwise turning force about the pivot due to
the offset geometry. The net result is that whenever the stylus is in the groove
of a rotating record the pickup is subjected to an additional inward force, and
the better arms are fitted with gadgets for overcoming this, known variously
as bias compensators, anti-skating devices, side-thrust adjustors, and so on.

Another refinement found on good arms is a lowering device, enabling the
user to apply and remove the pickup stylus at any point across a record with-
out the risk of groove damage inevitably attendant upon hand lowering and
lifting. Some pickup arms are permanently attached to the associated turn-
table, though except in the case of auto-changer mechanisms they may be re-
garded as separate entities when assessing most of the design points so far
mentioned. Auto-changers themselves are in many cases designed to satisfy
most hi-fi performance criteria, though apart from on one extremely expen-
sive and elaborate device which applies and removes each disc in turn, records
are dropped one upon the other whilst moving and inevitably suffer from
damaged and/or noisy surfaces after a few playings. Also, the reader is likely
to be seriously interested in reproducing good music, most items of which are
F



82 Hi-Fi i# the Home

III;I.' / \ II'|I p.-..-!::rr \

ToRwaAD DHas
FRON GRODWE L//
— il

Fig. 31 With an offset arm the frictional drag exerted on the stylus by the groove acts
along a line displaced from the pivot axis. This produces a clockwise torque tending to
make the pickup skate inwards across the record.

either contained on the two sides of a 12-inch disc, which will therefore need
turning over, or are operatic sets, these days rarely offered as auto-couplings.
For these reasons the auto-changer facility cannot be treated as a serious part
of hi-fi in the home and will from now on be regarded as irrelevant to the pur-
poses of this book. This is very much a British, even a personal point of view,
which I hope will be forgiven by North American readers who have come to
confuse the irrelevant with the indispensable.

Before moving on to turntables, it will be useful to summarise all the pre-
ceding observations on pickups, taking as a framework the relevant items from
the technical points listed at the end of Chapter 2. For low non-linear distor-
tion of stereo records the stylus should, if spherical, be no larger than 0-5 mil
in radius, or preferably be a well shaped elliptical type. The pickup’s mechani-
cal impedance should be low enough to permit tracking of heavily modulated
discs at a playing weight below about 1} gms, and extraneous influences on
tracking performance such as arm stability and side-thrust should receive
proper attention. To ensure good stereo behaviour there should be adequate
channel separation, particularly at middle and high frequencies, with a
reasonable balance of sensitivity between left and right. Frequency response
should be free from serious peaks and dips, similar in the two channels, and
preferably within 4 2 dB over the whole range. On the last point it should be
noted that whereas a curve such as that in fig. 29 would satisfy the + 2 dB
requirement and sound musically balanced, it is possible for the response of a
crystal or inferior ceramic cartridge to come within the same limits over a
shorter range (say 50 Hz - 12 kHz) but sound poor due to a response shaped as
in fig. 32. Here, natural brilliance due to musical treble in the 1-5 kHz range is
depressed, while the peak at 8 kHz might on some types of music add a false
and rather ‘tinny’ brightness giving a superficial impression of proper balance
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that would eventually tire the ear. Magnetic cartridges are generally more
likely to avoid this type of fault, offering also a better transient performance
and greater revelation of subtle musical details. However, some combinations
of equipment may actually favour what is in theory a deficient response in one
element because of reverse effects in another.

Turntables, like pickup arms, should be neutral, providing no more than a
horizontal surface rotating at the correct speed about a centre spindle of
standard size, the surface being of a material offering sufficient friction to grip
records without risk of damage. There should be no mechanical vibration,
electrical interference or radiated sound.

Taking first the ‘correct speed’, this means not only that discs shall be
rotated at 33} or 45 r.p.m. but that from instant to instant there must be no
minor variations of the sort named in earlier chapters as wow and flutter. A
convenient inclusive word sometimes used for these short-term changes of
speed is wobble, the total of which should amount to less than about 0-15 per
cent of the nominal speed if it is not to be heard as a waver of pitch or roughen-
ing of sound in music. This may strike the reader as a surprisingly small
change for the ear to notice when one considers that semitones are spaced by
6 per cent and that even people with perfect pitch can seldom differentiate to
better than a quarter of a semitone. But recognition of a fixed error in pitch is
not the same thing as sensitivity to a change whilst it is taking place, and it is
the latter which determines the tolerance limits of turntable speed wobble.
Some types of music are more easily marred by wow than others, and in the
last resort it is the ear that must judge turntable performance.

Achievement of that 0-15 per cent depends on a number of factors, most
noticeable of which is the weight of the turntable platter used on transcription
units. (The word ‘transcription’ is often applied to high quality turntables, a
practice inherited from a time when the type of unit now regarded as desirable
for domestic hi-fi installations was normally only found in professional studios
and frequently used when transcribing recorded material from disc to disc).
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Fig. 32 Possible frequency response from an inferior pickup cartridge. This is within

+ 2 dB over the range 50 Hz-12 kHz, but would sound unbalanced because of a 4 dB

‘step’ between musical bass and treble.
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The principle of the flywheel will be known to most readers, the idea being
that once a heavy wheel is rotating it tends to carry on due to its angular
momentum, resisting external attempts to alter either its rotational velocity or
its plane of motion. For a given rate of rotation, the larger the moving mass
(inertia in the static sense) and the greater its distance from the axis, the more
marked this stabilising effect becomes. In transcription turntables the platter
is likely to weigh upwards of about 1-8 Kgms (4 1bs) and to have a cross-sec-
tional shape placing most of its mass towards the periphery; thus the platter is
itself a sort of flywheel which, once set into motion and driven in the manner
described in the previous chapter, maintains a constant speed despite any rapid
minor variation that might otherwise occur due to the motor and drive mech-
anism.

Long-term speed changes pose different problems, being caused by things
like variation in frictional drag from pickups and/or disc cleaning devices as
they traverse the record, changes in bearing friction as equipment warms up,
and fluctuations of mains supply voltage. Solutions come from the use of more
powerful motors and from attention to design details of bearings and the drive
transmission system. In addition to the main speed selector, a good turntable
will have a fine speed control for exact adjustment during use, partly to com-
pensate for any remaining mechanical changes and partly to serve the pitch
conscious music lover, who will from time to time find minor differences of
key between recordings. Such controls normally provide an adjustment of
several per cent and are operated in conjunction with a stroboscope, which
indicates visually whether rotation is below, at, or above the correct rate. A
stroboscope or ‘strobe’ is essentially a series of alternate black and white
bands or dots arranged in a ring on the rotating object, the number of bands
being chosen to give an impression that the pattern is stationary, if the speed is
correct, when illuminated by light derived from the normal 50 Hz AC mains
supply. Because of this need for AC lighting it is not always convenient to use
a simple cardboard strobe of the type designed to_drop over the turntable
spindle, and some units are therefore equipped with a neon light arranged to
illuminate a pattern viewable through a small window or mirror.

Mechanical vibration, manifesting itself in reproduction as rumble or
thumping noises, is the second evil to be avoided on hi-fi turntables. While the
platter’s flywheel action may be effective in ironing out speed wobble, it is still
possible for vibrations to be transmitted through the metalwork to the record,
thus shaking the disc relative to the pickup stylus, a process which the cart-
ridge cannot distinguish from groove modulation. Vibrations can arise from
small and imperfectly finished bearings, particularly the main central bearing
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for the turntable platter itself, from the motor, and from the coupling between
motor and platter. Adequate size and attention to detail in design, finish and
lubrication characterise the transcription approach to these points, with, in
particular, many refinements and variations in motor-to-platter drive ar-
rangements. The simple idler wheel described in the previous chapter (fig. 15,
page 55) may be supplemented with rubber or plastic belts which act as addi-
tional buffers to reduce transmission of rumble or rapid speed fluctuations to
the turntable, while in all good designs the idler itself is retracted from pulley
and turntable when the device is switched off. If left in contact it is inclined to
develop ‘flats’ which may sound as a repetitive thumping or knocking noise.

With all these precautions a good transcription motor/turntable unit can
suppress rumble to a level equivalent to 50-60 dB below normal peak groove
modulation. This may not seem very impressive in relation to a possible re-
corded dynamic range of 60 dB, but in practice most rumble is confined to
very low frequencies (below50Hz), and reference to fig. 7 (page 30) shows that
at 50 dB below maximum music levels the ear is working near its lower thresh-
hold at such frequencies. A noise figure modified to take account of the ear’s
characteristics in this manner is said to be weighted. However, large loud-
speaker systems with an extended bass response will reveal rumble from all but
the very best turntables, a point to which we shall return when dealing with
practical choice of equipment. Most of the precautions aimed at reducing
rumble also minimise the actual acoustic noise radiated by the turntable
mechanism - an important point, for near-perfection at all other stages in
domestic high fidelity in terms of sounds coming from the loudspeakers can be
ruined by whirring noise emanating from the equipment cabinet.

Apart from such direct sounds and unwanted vibrations transmitted to the
pickup stylus, there is a type of electrical interference which can arise from
motor/turntables. This is not of the sort produced by vacuum cleaners or dirty
switch contacts, but it can enter the audio system invisibly by means of mag-
netic coupling to the pickup cartridge or its wiring. The electric motor used to
drive the turntable, like all other such motors, incorporates coil windings to
generate magnetic fields, and since the motor is energised from the AC mains
supply these fields alternate at the mains frequency of 50 Hz. It is difficult to
confine such fields entirely within the motor casing - just as the earth’s mag-
netic field extends into space and will actuate a compass in an aircraft. There-
fore, in the absence of thorough screening there can be sufficient stray AC field
to couple with the windings in a magnetic pickup cartridge, thus producing
audible hum in the loudspeakers. This is a further matter for particular atten-
tion in the design of transcription units.
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Another precaution in relation to the use of magnetic pickups concerns the
material used for the turntable platter. Magnetic cartridges incorporate small
magnets, and in some cases their external fields are powerful enough to be
attracted downwards by a steel turntable, thus altering the effective playing
weight. For this reason the pressed-steel platters found on cheap units are
avoided for hi-fi use, though if other performance features are adequate em-
ployment of a non-magnetic turntable is unnecessary when using ceramic
cartridges, which are not influenced by magnetic fields or materials.

Magnetism, of course, is the basis of tape recording, bringing us to the next
major audio component for application of hi-fi principles. Six of the seven hi-fi
criteria are applicable to tape recorders and we shall start with an interrelated
group of three: non-linear distortion, noise and maximum signal handling
capacity. We learnt in the last chapter that the tape recording process requires
the addition of a continuous high frequency oscillation to the wanted audio
signal if severe distortion is to be avoided. This is because particles in the tape
coating react to the audio magnetic field applied by the tape-head in a non-
linear manner ; that is to say, the modulation level achieved is not in strict pro-
portion to the applied signal amplitude. If a curve is plotted relating tape-
head input to the resulting recorded signal - a sort of input-to-output zransfer
characteristic — the shape has a kink (fig. 33) which distorts the applied wave-
form in the region immediately near its ‘zero’ line. By adding a continuous
high frequency tone to the input (usually somewhere in the range 30-100
kHz) the audio waveform rides, as it were, on top of these more rapid fluctua-
tions (fig. 33(b)), the artificial zero lines thus created moving out to linear
parts of the curve. In the diagram the input waveform has the same amplitude
in the two cases, though when applied on its own it produces a small and dis-
torted magnetisation pattern on the tape, whereas with bias the recorded
waveform is larger and undistorted. The HF bias tone is also implanted on the
tape, at reduced level, though from this point on it may be ignored for most
practical purposes as on replay the head-gap width imposes an upper limit
well below the bias frequency: the bias has performed its linearising task at
the instant of tape magnetisation. There are various hi-fi refinements in appli-
cation of the HF tone, such as cross-field bias which uses an extra tape-head
simply for biasing purposes, the object being to avoid a partial erasing effect
operating at high audio frequencies when bias and signal are fed to the same
head.

While the ultimate upper frequency limit of a tape recording system is set,
for a given tape velocity, by the replay head-gap width, in practice other fac-
tors influence the point at which the response starts to fall. A tendency for the
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bias in conventional machines to have a slight erasing effect on the high fre-
quency components of audio signals sometimes tempts non-hi-fi manufac-
turers to reduce the bias level, cnatling them to claim rather more impressive
frequency responses than would normally be obtained at the speeds in ques-
tion. The reader may wonder why extending the frequency range of audio
equipment should be regarded as a non-hi-fi activity, which of course it is not
unless the change degrades some other aspect of performance. Looking again
at fig. 33, the tips of the audio waveform riding on the HF bias are just ac-
commodated within the straight portions of the transfer characteristic, and if
the bias amplitude is reduced the audio extremities will extend into the kink
and become flattened. Lowering the bias would therefore in this case increase
distortion. The general relationship between bias, recorded signal and distor-
tion is shown in fig. 34, from which it is clear that the bias current giving
maximum recorded level does not coincide exactly with minimum harmonic
distortion; thus some roughness is added to the sound quality when prak
music amplitudes fully modulate the tape. In hi-fi practice, therefore, the bias
is set to give maximum undistorted output from the tape, usually requiring
about 20 per cent more bias current than that giving greatest sensitivity, and
producing an optimum signal-to-distortion ratio at the expense of some 2 dB
in peak modulation capacity. Reduction of bias to improve the audio HF fre-
quency response is a move away from this optimum arrangement, and as
small gains in response and signal-to-noise ratio do not add as much to listen-
ing pleasure as is taken away by increased distortion, this practice is to be
avoided in any tape system claiming to offer high fidelity.
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Assuming the bias to be set correctly, it is normal to arrange for maximum
music levels not to exceed a modulation producing about 3 per cent harmonic
distortion. Some form of level indicating device is calibrated to register visu-
ally this nominal overload point, commonly an electronic magic-eye, but a
meter on more expensive machines. Sensitivity of the magic-eye is set for
closure of the green luminous gap to coincide with peak recording level, while
meters frequently have green and red portions on their dials corresponding to
‘safe’ and ‘overload’ levels. On stereo tape recorders the left and right signals
are sometimes combined for registration on a single indicator, though most
machines have separate meters for the two channels. The usefulness of these
devices is sometimes limited by an inability to respond adequately to sudden
loud transients in music, as the type of meter circuit designed to indicate
genuine short-term peaks (peak programme meter or PPM) is rather expen-
sive, and is usually found only on professional equipment. Meters fitted to
domestic recorders are often of the VU (volume unit) type, based on certain
assumptions about the ear’s tolerance of brief overloads. In practice the user
soon becomes acquainted with the limitations of a particular modulation indi-
cator on various types of music, the calibrated nominal overload point repre-
senting a recorder’s maximum signal handling capacity for most of the time.

Having set the upper boundary, the dynamic range that can be accommo-
dated on tape is limited at the lowest level by noise in the form of tape hiss.
There has been much improvement in tape over the years from this point of
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Fig. 34 High frequency bias applied with the audio signal to a tape-head should be set for
an optimum signal-to-distortion ratio rather than simply maximum sensitivity.
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view, though irreducible random clusters of magnetic particles in the tape
coating must ultimately be audible in reproduction as a gentle background
hiss. Some tape is inferior in this respect, and tape recorders occasionally
worsen matters by providing inadequate erasure of previously recorded sig-
nals, the remains of which - though perhaps not audible as music or speech —
mix with the hiss to lower the overall signal-to-noise ratio. An imperfect sine-
waveform for the HF current fed either to the erase head or with signal as bias
to the record head can also degrade the tape’s basic random noise. In addition,
the tape-head used for record or replay can itself increase tape hiss by be-
coming permanently magnetised, due either to external magnetic fields or to a
small unwanted direct current flow through its windings arising from a faulty
circuit component. However, assuming performance in these respects to be
at its best, the actual level of hiss in relation to recorded signal depends on
track width, amplifier design, and to some extent tape speed.

It will be recalled that quarter-inch tape may carry on its width one, two or
four tracks. Each reduction of track width more than halves the signal level
induced in the replay tape-head, while at the same time lowering the repro-
duced hiss level by a smaller factor; the difference arises from the statistics of
random particle distribution in the tape coating. The net effect is to worsen
the available signal-to-noise ratio by just over 3 dB. In many domestic tape
recorders the circuits used to amplify tape-head signals introduce further ran-
dom noise at a level comparable with that coming from the tape, and as the re-
played signal is lowered in level by use of narrower tracks this amplifier noise
becomes relatively more troublesome. On all but the very best machines,
therefore, changing from two-track to four-track operation worsens the over-
all potential S/N ratio by up to 6 dB.

Another point relevant to track standards is an irritating tape fault known as
drop-out, in which the signal disappears or literally ‘drops out’ for a split
second because of some minor discontinuity in tape coating. This fault be-
comes more noticeable with narrower tracks and/or lower speeds, as offending
patches of tape will naturally scan a larger fraction of the tape-head gap if the
gap is shorter, and take longer to pass if the speed is lower. Also more evident
on four-track recorders are minor departures from intimate tape/head contact,
arising from rough-edged, mis-shapen or over-stiff tape and sometimes simi-
lar to drop-out in audible effect. The solution, frequently advocated in the
literature supplied with quarter-track machines, is use of thinner and therefore
more flexible tape; as noted in the previous chapter, there are five thicknesses
to choose from. One possible small penalty to pay for the use of exwra-thin
tape is enhancement of an effect known as print-through, whereby intense sig-
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nals are transferred magnetically at a very low level to adjacent layers of tape
on the spool if recordings are stored for lengthy periods. In practice this is not
much of a bother to domestic users, though commercial master tapes are some-
times spooled unconventionally to minimise the audible effects of any fortis-
simo musical climaxes attempting to duplicate themselves in this manner. A
minor disc record fault sometimes mistakenly attributed to tape print-through
is popularly known as pre-echo. This is a mechanical equivalent of the above
tape effect, whereby heavy modulation in one groove causes slight deformation
in its neighbour, thus producing a small output from the pickup displaced in
time by one disc revolution.

Returning to tape matters, there are a few more variables still to be con-
sidered in connection with tape hiss and other irreducible background noises.
The very small electrical signals induced into replay heads by the tape require
that the associated circuits afford considerable amplification or gain, making it
difficult to avoid adding some extra hiss to the inherent tape noise, as already
noted, and also inviting the addition of hum from nearby AC supplies, mains
transformers and electric motors. The tape-head itself is very vulnerable in
this respect, being a component designed specifically to respond to magnetic
fields; on good machines the screening arrangements are carefully thought-
out so that when the tape is actually passing the head any stray magnetic hum
fields are kept to a very low level in the vicinity of the head-gap. Tape replay
speed also affects the overall signal-to-noise ratio, though in an indirect way
related to its bearing on frequency response, to be discussed shortly. Suffice
to note here that a host of subtle, interrelated losses at high frequencies or
short recorded wavelengths are all eased as the recording and replay speed is
raised, the net effect being some improvement in S/N ratio at high frequencies.

Finally, the reader must by now be suffering from technical indigestion
without yet knowing what dynamic range may be accommodated on and use-
fully reproduced from magnetic tape. Starting at the top of the tree, with
everything adjusted for perfection in laboratory fashion the range between 3
per cent distortion and random noise on the full width of best virgin tape is
around 70 dB. Large professional machines of the sort used by recording and
broadcasting organisations achieve better than 60 dB at 15 inches per second
(i/s), while the very best domestic semi-professional recorders will manage 55
dB or a little more at 7} i/s. Further down the price/quality scale the noise
performance deteriorates steadily, average unsophisticated domestic models
offering 45 dB or less, even though purchasers will frequently find very opti-
mistic figures printed in manufacturers’ literature. Cassette machines working
at a speed of 1% i/s with two pairs of stereo tracks accommodated on tape only
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just over one eighth of an inch wide have until recently been regarded as
beneath hi-fi consideration. However, improvements in tape and heads are
changing this, and S/N ratios of 40 dB or more have been achieved even with
compact low-speed cassettes.

Recently, these performance figures have been improved further by 10-20
dB through the domestic application of electronic noise-reducing techniques
previously confined to professional recording studios. Such processes effec-
tively compress the dynamic range of the original signal before it is recorded
on tape, thus holding the quietest music passages well above tape and amplifier
noise. When replayed for disc cutting the recorded signal is correspondingly
cxpanded, any unwanted additional noise thus bring pushed further out of
harm’s way. This sort of approach is becoming available on a few recorders
and some cassette players, and in the future may be applied to complete
hi-fi systems to reduce background noise introduced at any point in the chain
between studio microphones and domestic amplifiers. A last point on noise:
like turntables, tape recorders have moving parts which can radiate direct
acoustic disturbances, and unfortunately the more expensive domestic
machines are not always better than cheaper models in this respect.

Just as in turntables, the mechanisms required to move the recording
medium along at constant speed inevitably fail to do this perfectly, thus intro-
ducing wow and flutter. Wear on bearings, belts, clutches, pulleys and pinch-
wheel; incorrect lubrication; badly adjusted brakes or pressure-pads; dirty
guides, tape-heads or capstan; inadequate flywheel momentum; or just plain
bad design of the tape transport system — any or all of these will add to the
total speed wobble. Also as with turntables, attention to detail in design and
assembly reduces the cumulative effect of these factors to give total wow and
flutter figures below about 0-15 per cent on good machines, though normal
domestic recorders are rarely able to satisfy a critical ear in this respect on the
more searching types of music. Apart from the flywheel, which on some more
elaborate machines may be an integral part of the tape-drive motor, many of
the rotating parts on a recorder contribute a little extra momentum or inertia
to the tape-drive by virtue of their rotation, thus helping to iron out speed
changes. However, momentum depends on rate of movement as well as mass,
and as most of the rotating parts move faster at higher tape speeds it is found
in practice that wow decreases roughly in proportion to increases in tape
velocity. Here the similarity to turntables comes to an end, for while disc
records have the advantage of being coupled directly to a massive speed stabil-
iser, the turntable, and thus rarely suffer from audible flutter in reproduction,
the small length of magnetic tape passing, at any instant, over tape-heads be-
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tween feed spool and capstan has negligible mass and therefore depends on
constancy of tension and friction to minimise short-term speed changes cor-
responding to flutter. Such constancy requires care in the positioning of guides,
adequate grip on the tape between capstan and pinch-wheel, proper control of
any drag imposed by the feed spool, avoidance if possible of pressure-pads,
and various other subtle mechanical points.

Moving from mechanical to electrical matters, the next major tape recorder
performance feature for discussion is frequency response. In the previous
chapter brief mention was made of the need for a particular type of replay re-
sponse curve because of the way tape-heads react to recorded modulation. If a
tape has been modulated by a recording head fed with constant current at all
frequencies, output from the tape-head is lowest in the bass, rising steadily
in proportion to frequency up to a point determined by the replay head
characteristics, and then declining again beyond this ‘turnover’ frequency.
The turnover point is essentially a practical limitation arising from the finite
width or thickness of the head-gap, and if this were small enough or the tape
speed high enough there would be no more than marginal departures from a
response rising in proportion to frequency right up to the top of the audio
band. This type of response could be said to have a particular ‘slope’, with the
amplitude halving or doubling for each change of one octave in frequency. On
a decibel scale a two-to-one change in voltage or current is equal to 6 dB (how
or why this is so is beyond this book’s non-mathematical mandate, so the
reader must take this on trust), and the basic shape of a tape replay amplifier
curve is a line sloping downwards with rising frequency at six decibels per
octave, representing a mirror-image of the tape-head output curve. This 6 dB/
octave slope is shown as a dotted line in fig. 35, which diagram also depicts
various practical departures from perfection.

With normal heads and tape speeds the frequency above which the head
outputs flattens off and then starts to fall is well within the audio band, and if
the recorded tape modulation were ‘flat’ the necessary replay response would
be of the type shown by the short-dashed curve in fig. 35, where the sensitiv-
ity rises above 2 kHz to compensate for replay head losses. However, tape hiss
would be so accentuated by such a rise at high frequencies (HF) after the re-
cording process, that the replay head’s falling HF response normally receives
compensation in the form of electrical pre-emphasis of the signal before re-
cording, with the result that the replay amplifier may have an approximately
flat response above the turnover frequency. In some recorders there is also a
little pre-emphasis at very low frequencies to ease signal-to-noise ratio prob-
lems when amplifying the extremely small tape-head output. The resulting
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Fig. 35 Solid line and heavy dashed line show practical replay response curves for a tape
recorder. Note that these differ in their points of departure from the basic 6 dB/octave
slope, corresponding to widely used European and American standard replay character-
istics for a tape speed of 3% ifs. These replay amplifier curves are the inverse of the tape-

head output.

replay response curve in a machine using both these corrections during re-
cording is of the type shown as a solid line in fig. 35.

As tape speed is increased all recorded waveforms occupy a greater length
of oxide and the frequency at which the tape-head output drops to zero is
raised accordingly. Also raised is the turnover frequency where the output
cominences its fall towards zero. This means that the replay curve’s necessary
point of departure from a true 6 dB/octave slope goes up in proportion to tape
speed, with a corresponding reduction in the amount of pre-emphasis needed
above this frequency — together with a reduced risk of distortion and overload.
For these and related reasons a clean, consistent and extended response at
high audio frequencies is always more easily obtained at the higher tape
speeds. If the noise, distortion, wow, flutter and drop-out of a recorder are to
reach hi-fi standards it should operate at 7} i/s or more, though as tape, tape-
heads and mechanisms improve this is ceasing to be so.

The need for some consistency of performance when reproducmg commer-
cial tape records has led to the introduction of certain agreed replay response
curves. A recorder adjusted to comply with one of these characteristics should,
if used to replay a tape conforming to the same standard, provide a flat overall
frequency response. Since, as we have seen, the optimum recording and replay
corrections vary with tape speed, there are corresponding differences in the
chosen replay curves. In addition to the necessary changes between tape speeds
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there are various curves for the same speed, depending upon whether a re-
corder complies with European (DIN, CCIR), American (NAB, RIAA, EIA),
or International (IEC) Standards in old or new versions: the reader will gather
that the situation is not so simple as with disc reproduction, though the various
standards are gradually being brought into line. To ease matters for designers,
replay standards are specified in terms of a technical characteristic of circuit
behaviour called zime-constant, given in microseconds (#S). As with decibel
ratios, the reader need not be dragged into the mathematics of this, though it
may help on occasion to realise that when a recorder is said to comply with,
say, CCIR 70 xS or NAB 50 xS characteristics, this simply means that the re-
play responses follow curves basically similar to the solid line in fig. 35, but
flattening away from the main slope at various frequencies depending on the
standards and tape speeds involved.

It is clearly desirable for tape recorders to follow agreed replay characteris-
tics whenever possible, though the overall response of a recorder — measured
as a difference between signal in and signal out after recording and replay —
should come up to certain minimal standards for hi-fi purposes whether or not
particular replay responses are adopted. In this necessarily limited description
of tape recording processes a number of technically obscure factors tending
to tail-off high frequency response and cause irregularities at low frequencies
have not been mentioned. These, together with the problems of balancing re-
cording pre-emphasis and replay correction, proper choice of bias level, etc.,
make it difficult in practice to obtain an absolutely level frequency response.
However, on the best domestic machines — commonly referred to as ‘semi-
professional’ models - the response is likely to remain within 2 dB of the mid-
frequency level over a range extending from 30 Hz to about 15 kHz at a tape
speed of 7% i/s, the upper limit being restricted to 8-10 kHz at 3% i/s and rising
to 20 kHz at 15 i/s. The variation of 4- 2 dB would normally apply to the fre-
quency extremes only, with a steady fall-away at the top end, possibly pre-
ceded by a small rise (fig. 36), and sometimes a little irregularity below 200 Hz.

The type of variation which can upset musical balance because of a move
between two output levels at a mid-frequency, as in the pickup response of
fig. 32, is rare on high-quality tape recorders; but however flat the overall
record/replay response, if a machine is used for replay-only purposes there can
be errors of tonal balance when pre-recorded tapes have been made to a stand-
ard different from that adopted in the recorder. Returning to fig. 35, the solid
and heavy dashed curves correspond, respectively, to commonly adopted
European and American replay responses for tapes recorded at 3% ifs (140 xS
and 90 xS time-constants), and if a tape made to one standard is replayed on a
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machine adjusted for the other there will be either an emphasis or a reduction
in musical brilliance, depending on whether the replay time-constant is higher
or lower than the recording time-constant. The difference in this case is simply
represented by the gap between the two curves, perhaps more easily seen as
the deviation from a nominally flat response added to one of the typical overall
curves in fig. 36. An ultra-refinement on very expensive tape recorders is
universal switched compensation for all standards and speeds, though most
domestic machines opt for a single standard and arrangefor the automatic selec-
tion of appropriate electrical responses as the speed is changed mechanically.

Now, a brief look at stereo tape matters before moving on to a general
round-up of hi-fi tape points not automatically encompassed by the ‘seven
strands’. There are no especially tedious or difficult problems related to two-
channel operation in tape recording, and provided all the hi-fi tape criteria so
far discussed are applied, together with exact electrical duplication for the
initially well separated signals from stereo tape-head onwards, there remains
simply the mechanical matter of accurate and consistent tape positioning in
relation to the head’s two gaps. Stereo only differs from mono in this respect
because small intermittent changes in response or output, of the sort caused by
poor tape/head contact and variable tape coating, are more noticeable in
stereo. The magnitude of such changes usually varies across the tape width,
thus affecting one track more than the other from instant to instant, thereby
shifting the apparent position of the stereo sound image in a rather jarring
fashion. It follows from earlier comments on drop-out and track width that
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Fig. 36 Typical frequency response curves for a top quality domestic tape recorder or

semi-professional machine. Recent improvements in tape and heads enable these perform-

ances to be bettered at the HF end, with a potential 13 ifs cassette response better than
the 32 i/s curve shown here.
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the above stereo faults will be accentuated by four-track operation, especially
as in this mode (fig. 23, page 64) the left-hand signal is carried on a track at the
tape edge, where mechanical tape irregularities are generally more prevalent
than in the region of the other track near the tape centre. In the best recorders
control of tape movement and position is sufficiently accurate and consistent
to obviate significant audible defects arising from such causes, especially when
using the thinner tapes in good condition. However, roughly handled tape
which has been spooled badly several times tends to have creases and turned-
over edges, and such faults are distinctly more likely to affect stereo perfor-
mance on quarter-track machines.

In this context, quarter-track operation refers to the two-way stereo system
described on page 64, where two conventional 2-channel recordings are
accommodated, one in one direction and one in the other. However, 1970 saw
the introduction of some genuine 4-channel tape recorders employing tape-
heads with four active gaps in one vertical line, for simultaneous reproduction
of the four separate signals needed for quadraphonic sound (see Chapter 10).
Returning to two-channel stereo, there is the matter of tape economy to
consider, for since each recording of a given length must occupy two tracks
instead of one, the user must either purchase twice the quantity of tape for
half-track recordings, or tolerate a slightly degraded overall performance from
a quarter-track recorder for the same outlay on tape. If a machine is to be used
primarily for replaying commercial tape records a four-track model is impera-
tive, as most pre-recorded spool-to-spool stereo material is offered in this
form. This being so, only semi-professional recorders should be considered
suitable for use in a top grade hi-fi installation. Having said this, we must note
that present trends point to early obsolescence for spool-to-spool pre-
recorded tapes as the compact cassette increasingly dominates commercial
recording. Indeed, the time may well be at hand when the wealthier hi-fi
enthusiast will own both a high-quality conventional tape recorder and a
cassette player.

The ‘top-grade hi-fi installation’ mentioned above might not, in fact, in-
clude a tape recorder as a complete self-contained item, for in cases where the
recorder is normally left in sizu much of its amplifier circuitry, and of course
the internal loudspeakers, will not be needed, the audio signal being extracted
after initial amplification and fed to an appropriate input part on the hi-fi
amplifier system. Machines designed for this sort of application are known as
tape units, which for a given quality of performance cost less than complete
tape recorders. Having no built-in loudspeakers, they cannot be detached from
the other equipment and used for playing previously recorded tapes, though
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recording is certainly possible ‘away from home’, with facilities often provided
for monitoring recorded signals via headphones. In addition to incorporating
all the electronic circuits needed for the recording process, including micro-
phone preamplifier and bias and erase oscillator, tape units normally include
those early parts of the replay circuitry providing corrections as discussed
earlier, with such initial amplification after this as may be necessary to provide
a signal suitable for feeding to separate amplifiers. In stereo versions these cir-
cuits are duplicated as necessary. Tape units, incidentally, should not be
confused with the tape deck, which is simply the mechanical part of a recorder
detached from electronics and case.

Whether tape recorder or tape unit, many machines will on occasion be
used for recording ‘live’ signals from microphones in addition to storing radio
programmes or playing commercial tapes, and for this purpose most models
are equipped with appropriate inputs. However, many recorders have micro-
phone input circuits suitable only for use with crystal models, a type of unit
employing the piezo-electric principle mentioned in connection with pickups
in the previous chapter and not usually capable of high audio quality. There are
exceptions, as microphones, like loudspeakers, are to some extent a matter of
taste, but it is generally agreed that while crystal types are quite suitable for
speech and, perhaps, some solo instrumental music, moving-coil, ribbon or
capacitor microphones are necessary for high quality concerted music record-
ing. The hi-fi tape user wishing to capture live musical sounds at the sort of
standard obtainable from radio or commercial recordings must therefore look
for a machine designed to work with at least a moving-coil microphone.

Alsorelevant to recording matters is the possible inclusion of a monitor head.
This is used for replay purposes only, what would normally be the record-
replay head then being confined to recording. This eases electrical design to
some extent, as the tape-head does not have to be switched between circuits
when changing between record and replay. Despite this, accommodation of a
third head raises the overall cost of a recorder and this refinement is normally
found only on expensive models. Because of uncertainties in the behaviour of
recording level indicators and the possibility that a perfect signal fed to the
record head may be ruined, unknown to the recordist, by poor tape contact, a
monitor head eases matters by enabling the user to listen to recordings a small
fraction of a second after they have been implanted on the tape. On some
machines there is a switch permitting an immediate comparison between input
and recorded signal, a revealing exercise in high fidelity only possible on three-
headed recorders.

G



5. HIGH FIDELITY II: RECEIVING, AMPLIFYING AND
REPRODUCING SOUNDS

IMPERCEPTIBLE MAGNETIC patterns imprinted on tape, invisible
radio waves passing through space, minute mechanical wiggles in record
grooves — all this raw material of high fidelity eventually wends its way to
loudspeakers in the form of electrical signals. There it becomes sound in the
air to produce, via our ears, musicin the mind. In the previous chapter we ex-
amined hi-fi techniques for converting groove wiggles and magnetic patterns
into electrical audio signals, the three components involved being as much
mechanical as electrical and clearly identifiable as separate entities even when
coupled together — as with cartridge to pickup arm, and arm to turntable unit.

Once in electrical form, audio signals are subjected to the mysteries of pro-
cessing by electronic circuits, the detailed workings of which require a know-
ledge of AC electrical theory for proper comprehension. Education in such
matters, beyond the elementary non-technical skirmish attempted in Chapter
3, is outside the scope of this book, and indeed is not really necessary for a
practical understanding of hi-fi. However, the influence of circuit behaviour
on the ‘seven strands’ which we have extracted from music, may be usefully
explained and examined, with such graphs and response curves as will illumin-
ate musical performance. Reference back to the basic functional hi-fi com-
ponent scheme presented in figs. 13 and 14 (pages 52, 54) reveals that we have
yet to cover radio tuners, preamplifiers, power amplifiers and loudspeakers. As
mentioned there, the obvious physical separateness of pickups, turntables and
tape recorders is not necessarily reflected when we come to the electronic com-
ponents, it being quite normal for a control unit (preamplifier) and a pair of
power amplifiers to be manufactured as one integrated item, and increasingly
common for the tuner circuits also to be included. In this connection it is
worth noting that whereas a separate control unit usually takes its AC and DC
power supplies from the associated power amplifier, a separate tuner is very
frequently self-powered, meaning that it has its own power pack energised from
the mains supply and may therefore be used with a wider range of amplifiers.
However, we shall follow the logic of function rather than construction in this
survey, as practical pros and cons in the choice of separate or integrated units
are covered in a later section.

First come tuners. The signal fed to these from aerials, though electrical in
form, has to be processed considerably before emerging as audio information;
in this respect the tuner may be regarded as a transducing component anal-
ogous to pickup and tape recorder and therefore joins them, logically, in pre-
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ceding the control unit. The main stages from RF input to AF output have
been outlined, so we shall straight away examine behaviour from the high
quality angle, four only of the seven main hi-fi performance features being sub-
ject to possible degradation in radio reception : signal-to-noise ratio, frequency
range, distortion and stereo.

As already noted, only the FM mode of radio communication can be re-
garded as relevant to hi-fi. This is because AM reception in Europe on the
MW and LW bands is severely limited both by background noise and in fre-
quency range, especially after dusk, when because of the electrical behaviour
of the upper atmosphere distant stations are received more easily and raise the
general level of interference. For technical reasons connected with the process
of amplitude modulation, radio interference manifests itself particularly at the
higher audio frequencies. Exclusion or reduction of unwanted background
noise therefore involves sacrificing the top end of the audio band, usually quite
severely. The sacrifice is normally effected in the IF stages of a receiver or
tuner, where it happens that restriction of the IF bandwidth also limits the
eventual audio band at high frequencies. Very sophisticated AM tuners have
a'variable bandwidth enabling the user to make the best of a bad situation, but
the combination of reception problems and a deliberate curtailment of the
highest audio frequencies as transmitted - to satisfy international radio agree-
ments — means that from the hi-fi point of view AM radio may be discounted.
However, long-distance reception of FM transmissions in the VHF band,
while sometimes possible, is generally too freakish to be reliable, and an Eng-
lish listener wishing to hear a concert from Paris or Amsterdam must tolerate
the technical limitations imposed by the MW/LW system. For the keen music
lover anxious not to miss such broadcasts but nevertheless appreciative of good
reproduction from other sound sources, tuners are available covering both
MW/LW and VHF/FM reception but designed for interconnection as part of
hi-fi systems in the normal way. These are commonly known as AM/FM
tuners, with AM circuits in some cases adjusted for a somewhat better overall
performance than is obtainable from conventional radios, but offering also the
superior quality of FM for local VHF reception on Band 2 (87-5-108 MHz).

‘Local’ is used here to mean within about thirty to forty miles of a trans-
mitter, for radio waves at very high frequencies cannot follow the Earth’s cur-
vature or jump over mountain ranges, the FM sound-radio reception situa-
tion being rather similar to that obtaining with television, where there are ser-
vice areas, fringe areas and virtual ‘dead spots’. In Britain the situation is eased
by the BBC’s mandate to project, as best it can, its main services to the whole
population, though in many areas really satisfactory FM performance is only
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obtained by the use of a proper external aerial — again, just as with television.
Practical advice on aerial installation will be found in the chapter on installa-
tion, though the matter is raised here because of its bearing on S/N ratio,
which depends in fringe reception areas on minimum pick-up of car ignition
and other interference and the maximum possible radio signal fed into the
tuner’s aerial socket.

A big advantage of FM radio, quite apart from the use of a frequency band
not over-cluttered with interfering stations, is that most of the unwanted
spurious signals which would cause noise via an AM radio are not heard via
FM because of the way in which the receiver responds to variations of signal
frequency (wanted modulation) rather than rapid changes of signal amplitude
(interference added to signal). However, an FM tuner can only do this dis-
criminating job properly if the incoming signal is strong enough to make the
circuits insensitive to changes of amplitude. All types of radio receiver employ
a function known as automatic gain control (AGC), the effect of which is to
keep the IF signal fed to the demodulating circuits at constant level over a
very wide range of RF amplitudes at the aerial, thus compensating for strong
and weak stations and for ‘fading’, without, in the case of AM receivers, re-
moving short-term (audio frequency) amplitude changes corresponding to
modulation. When the incoming station is exceptionally weak, or perhaps
missing altogether as one tunes across the dial, AGC causes the RF and IF
circuits to operate at maximum gain and thus to amplify their own internally
produced noise up to levels comparable with the audio obtained from a normal
signal. Much of this noise is equivalent, technically, to amplitude modulation
of any weak signal that happens to be present, and as an FM receiver’s capa-
city to discriminate against such modulation falls away at very low input levels
the advantages of FM reception begin to disappear.

It follows from this that any received signal tends to reduce the level of
background noise or ‘mush’, but that unless it does this to a significant extent
the FM tuner circuits are not operating correctly and the signal is barely
usable. This noise-reducing effect is called, appropriately, guieting, and manu-
facturers sometimes specify FM sensitivity in terms of so many microvolts (xV)
of signal for so many decibels of quieting, the dB figure indicating the amount
by which background noise is depressed in relation to its level in the absence of
a proper signal. A quieting figure of 30 dB is frequently regarded as defining a
tuner’s ‘usable sensitivity’ (in the American IHF standard, for instance)
though to make full hi-fi use of the broadcast dynamic range and to enjoy the
potentially silent background of VHF/FM radio this figure should obviously
be increased, perhaps even doubled. The possible S/N ratio of a good FM
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tuner is around 70 d B when aerial inputs amount to a millivolt or so, though in
very poor reception locations the available signal may be only a few microvolts.
In the latter case it is important to use a tuner offering 20-30 dB of quieting
forinputs of 2 #V or less, thus ensuring operation above the ‘usable’ level with
a correspondingly reasonable S/N ratio.

Whether a tuner is giving a modest noise performance with only a few
microvolts from the aerial, or superb results with a much higher signal (the
latter more usual for most BBC listeners in the U.K.), the nature of FM recep-
tion is such that the audio output voltage from a tuner’s demodulating circuit
(known as a frequency discriminator) remains constant — musical dynamics
apart, of course. This is in addition to the influence of AGC, which has a simi-
lar but not quite so consistent effect on AM reception. Thus whereas with an
AM radio some stations remain audibly weaker than others despite the auto-
matic adjustment of circuit gain, an initially weak FM station will not demand
a higher volume control setting than its powerful neighbour a few MHz away,
low signal strength showing up instead as a not so quiet background when
tuned in. However, we must get things into perspective, for ‘not so quiet’ in a
VHF/FM context on local stations is still very much quieter than anything
achievable after dusk via AM on the MW/LW bands - unless one happens to
live near to a powerful transmitter handling the programme of one’s choice.
Something that is no one’s choice is a loud rushing noise when tuning between
FM stations, though as the quieting effect of proper signals is removed this is
bound to happen unless the precise tuning dial positions of wanted stations are
known and the volume control setting can therefore be reduced whilst retun-
ing. Some FM tuners cover this point by incorporating inter-station noise
suppression or muting circuits. Misunderstandings sometimes arise as this
facility is occasionally called quietening, not to be confused with quieting
already discussed.

A final point on noise in FM reception, taking us also on to the subject of
frequency response: just as disc records are cut to the agreed RIAA frequency
characteristic and tape records adopt various degress of pre-emphasis, so
FMradio transmissions have a rising response at high audio frequencies. Any
unwanted background noise introduced during reception tends to be a smooth
hiss rather like that from tape — pure random noise, in fact, sometimes known
as white-noise. Because of the way the ear reacts to this type of sound, and be-
cause other spasmodic interference tends to concentrate much of its energy at
high frequencies, noise is most easily attenuated aurally by reduction of high-
frequency output, a corresponding boost being applied at the transmitter to
give a flat overall response. Unfortunately there are two different standards in
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use, one for North America and one for Europe, defined, as in tape recording,
in terms of circuit time-constants: 75 £S and 50 S respectively. The equiva-
lent response curves are given in fig. 37. A more modest boost is adopted in
Europe because it has been found that too much HF pre-emphasis can cause
distortion at the transmitter due to overloading on some types of music, it
being necessary then either to reduce the overall signal level or tolerate reduced
quality. All FM tuners include the components necessary for de-emphasis
after the discriminator as a matter of course, no further correction being
needed in the associated control unit. However, rather more care is taken on
the better tuners to get the response exactly right; also, should anyone happen
to take an FM tuner across the Atlantic, programmes might sound a trifle dim
in London with an American tuner or rather bright in New York with a Euro-
pean model - rather as was noted in the previous chapter with tapes and tape
recorders using different standards. Nothing else should upset frequency range
or response in FM radio reception, any apparent limitation being due to
broadcasting problems discussed in the last chapter. As has already been
hinted, overall response with even the best AM tuner used at maximum band-
width during the day is unlikely to extend usefully beyond 8-9 kHz, and for
evening listening in Europe the top end has to come down to about 4 kHz to
make interference tolerable.

Turning now to distortion, this should be untroublesome with a good FM
tuner properly used in a reasonable reception area. Indeed, total harmonic dis-
tortion at peak modulation can be under 1 per cent, making ‘live’ transmissions
via FM radio from this point of view potentially superior to tape or disc,
which are subject to higher overall non-linearities arising from factors dis-
cussed in the previous chapter. The two qualifications, however, are im-
portant: improper use and certain types of reception condition can degrade
performance very audibly.

It has been mentioned that the demodulation stage in an FM receiver is
called a frequency discriminator, indicating that the circuit discriminates ac-
cording to change of frequency rather than change of amplitude. This means
that as the IF signal wavers either side of its nominal centre frequency accord-
ing to modulations, the discriminator translates these changes into a continu-
ous audio waveform for feeding via a de-emphasis circuit to the amplifying
stages. Now, discriminator circuits are designed to respond linearly - that is,
give an output in direct proportion to input - up to the frequency deviation
used for peak modulation, the frequency-in to amplitude-out performance
being a sort of very straight transfer characteristic. For various technical
reasons this excellently linear part of the curve is not extended far beyond the
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Fig. 37 High frequency response characteristics employed in VHF/FM broadcasting and
reception.

peak deviation range, and if the operating centre frequency of the IF signal
happens to be off to one side the discriminator cannot do its job properly,
leading to distortion. When a receiver is not tuned accurately to an incoming
signal the effect s to shift the IF frequency away from optimum, so that simple
mistuning can lead to distortion. Tuning ‘by ear’ can therefore be rather prob-
lematic with an FM receiver, and while a weak station may permit this by
adjustment of tuning to give minimum background noise — which skould coin-
cide with optimum linearity - this is seldom definite or accurate enough for
normal use and good tuners employ a refinement called automatic frequency
control (AFC) together with a suitably responsive tuning indicator.

AFC ‘steers’ the circuit accurately into tune when it is brought manually
within fairly close range of a signal, so that by finding the dial-points above and
below which the desired station suddenly comes into prominence, and then
setting the pointer midway between these positions, the user can effect reliable
tuning for minimum distortion. Some tuners make AFC optional by means of
a switch, when removal of the facility eases location of weul: stations situated
next to powerful ones and permits use of the tuning indicator for accurate set-
ting without any element of guesswork on any station, the AFC then being
switched on to cancel any drift which might otherwise occur. At the very high
radio frequencies used for FM broadcasting it is difficult, for reasons to do
with small changes of electrical capacitance in the early stages of the receiver,
to avoid some slight shift of tuning (drift) as components change temperature.
In an FM tuner without AFC it is therefore usually necessary to keep an eye
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on the indicator while things warm up, resetting the dial from time to time as
needed. Tuning indicators themselves vary in usefulness, though on the better
receivers their optimum display point is made to coincide with symmetrical
discriminator action for minimum distortion and noise.

Having dealt with the possibility of distortion from improper use (i.e.
incorrect tuning), this leaves the odd case of distortion taking place, in effect,
between transmitter and receiver. Radio waves, like all electromagnetic radia-
tions, travel through space at the speed oflight (300 million metres per second)
and it is perfectly possible for a given transmitted signal to arrive at the re-
ceiving aerial at different times via different paths — the obvious direct path
and by reflections from hills or objects such as gasholders. This is especially
so in the VHF band, where the relatively small radio wavelengths make reflec-
tions from distinct objects much more likely. When the delayed signal is not
altogether negligible in amplitude compared with the direct one — and it can
be of comparable level in some circumstances, as when the direct path is over
a high hill and the indirect one is unimpeded via flat country over the trans-
mitter-gas-holder-receiver route — problems can arise at the receiver. Path-
length delays of this sort can result in quite severe distortion, particularly
when differences amount to several miles and when reproducing instruments
like the piano which depend on attack qualities for their tone-colour. Dis-
tortion arises because modulation on the delayed signal is out of step with that
on the direct signal and the audio waveforms combine in such a way as to
simulate the effects of bad non-linearity. Comparable strength from signals
arriving via routes of more than twenty miles difference — a freak condition -
can cause so much distortion that programmes are barely recognisable.

This whole phenomenon is called multi-path-distortion. Apart from careful
positioning of the aerial, it is minimised in the tuner by a good FM-to-AM
sensitivity ratio (high AM suppression), a feature adding to circuit sophistica-
tion and cost but which also improves the receiver’s caprure effect, a charac-
teristic whereby another FM station of almost equal received signal strength
on a similar or even the same radio frequency may be made inaudible. There
are other performance features relating to spurious responses at various criti-
cal radio frequencies, several of which will be defined in specifications of the
better FM tuners.

This leaves stereo. It might be thought that the obvious way to provide two
radio sound channels would be to use two transmitters and two receivers,
though the reader will appreciate that this is hardly economical either for
broadcaster or listener. In Britain there were experiments on these lines some
years ago, one signal being transmitted via the VHF/FM service and the other
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via one of the television sound channels during ‘off duty’ hours. Enthusiasts
would re-position TV receiver and sound radio for this exciting non-visual
event, adjusting volume and tone controls for some semblance of stereo bal-
ance between reproducers usually markedly different in sound character. But
this Heath Robinson age has passed, FM radio now offering left and right
simultaneously from one transmitter through a multiplex process evolved by
the American General Electric and Zenith companies and known, appro-
priately, as the Zenith-GE system. Officially adopted in the U.S.A. in 1961,
this method of broadcasting and receiving stereo signals is now in world-wide
use.

It is a compatible system, meaning that stereo transmissions may also be re-
ceived monophonically on ordinary single-channel FM tuners without signi-
ficant audible degradation, apart from loss of stereo. This is because music
modulation applied to the VHF carrier is exactly the same as with mono, stereo
‘information’ being suitably encoded and applied as a separate package of
modulation at frequencies just above the audio band. An explanation of how
this is done may usefully begin by reference to the behaviour of stereo record
grooves as discussed in the last chapter. We saw there that although the two
groove walls carry separate signals, in so far as they represent central sound
sources the waveforms are similar and result in purely lateral stylus move-
ments, dissimilarities (spatial separation) producing vertical motions. Pur-
suing this, it could be imagined that a specially designed pickup generated
electrical outputs corresponding, not to movements of the separate left and
right groove walls, but to lateral and vertical motions. Such motions, as we
have seen, represent respectively those features which the two stereo wave-
forms have in common and those in which they differ; it is therefore meaning-
ful to designate the corresponding outputs as sum and difference signals.
Although not immediately available as left and right, all the information about
a pair of stereo waveforms is contained within such signals and may be regained
by using a simple circuit matrix to perform the necessary sorting out. Indeed,
for convenience in mechanical design some moving-iron pickups do in fact
work on a sum-and-difference principle, internal cartridge connections con-
verting the signals back to left and right for conventional use.

The point of this digression is to show that normal stereo can be represented
as 2 sum of the two channels (L. 4+ R) — which is what we hear when a stereo
record is reproduced monophonically — and a difference (L. — R), it being
quite easy to reconstruct the original L/R regime when required. Record
groove and pickup behaviour aid understanding of what might otherwise be
too abstract to grasp, though unless working directly from a record groove no
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mechanical intermediary is needed to produce sum-and-difference equivalents
of a stereo signal — just another circuit will do the job. This is what is used at a
multiplex transmitter, the sum providing normal mono modulation and the
difference going through an encoding process before joining the sum in a form
designed not to upset mono reception. The composite signal, as modulation
on a carrier, passes through any FM tuner in quite conventional fashion right
up to the discriminator circuit, where demodulation also proceeds as usual to
produce a mono audio output plus, in the stereo case, a difference signal en-
coded at frequencies above the audio band. To reconstitute the left and right
information a circuit known as a multiplex decoder is interposed between dis-
criminator output and de-emphasis components. Such a circuit will be incor-
porated as part of any receiver designed for stereo, but mono FM tuners may
in many cases be converted for two-channel operation by addition of a separ-
ate decoder unit. To save costs for those not able to use the multiplex facility
immediately, some mono tuners are manufactured with all the necessary con-
nections for easy addition of decoders at a later date. Such units are often
advertised as being ‘stereo ready’, or something of the sort.

Understanding of the actual decoding process is by no means essential to a
grasp of hi-fi at the modest technical level adopted in this book, though a pic-
ture of the composite multiplex signal does help to clarify what can otherwise
be a complete mystery. Fig. 38 displays this on a normal frequency scale, the

_rather alarming shape of the compatible signal simply representing, arbitrarily,
an average sound energy distribution that might occur in music. If this dia-
gram were clipped off at 15 kHz it would depict the modulation on a mono FM
programme, and when a multiplex signal comes out of the discriminator
in a single-channel tuner the de-emphasis circuit attenuates the unwanted
material above 15 kHz, leaving the audio to pass on for amplification in the
ordinary way.

When handling stereo the transmitter first derives sum-and-difference sig-
nals - L 4+ R comprising the mono portion in fig. 38 — and then encodes the
L — R by using it to amplitude modulate a separate sub-carrier at a frequency
of 38 kHz. Paradoxically, although AM processes are concerned with changes
of amplitude rather than frequency, an AM carrier does in fact undergo an
addition and subtraction process whereby sidebands are stuck on to it, extend-
ing outwards from the nominal carrier frequency by the audio bandwidth at
each side. This is why there is overcrowding and interference on the MW /LW
bands, as each transmission occupies not just its own single frequency but
spreads outwards due to the unavoidable sideband element in amplitude
modulation, and by an amount which is a significant fraction of the radio fre-
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signal elements making up the eventual modulation, which at peak amplitude (100%)

shifts the VHF carrier to + 75 kHz at a rate corresponding to the modulating frequency,
Pilot-tone is fixed at 10% modulation (+7% kHz).

quency band. Returning to multiplex, audio difference signals up to 15 kHz
add AM sidebands to the sub-carrier, so that in its encoded form the L — R
information occupies the band 38 kHz 4- 15 kHz, stretching from 23 kHz to
53 kHz. The total encoded stereo signal therefore extends from 30 Hz to 53
kHz,and when applied to the carrier by a process of frequency modulation in
which the RF signal is deviated up to + 75 kHz at a rate depending on the
modulating frequency, the overall bandwidth required by a transmission is
considerable. For this reason FM broadcasting in general and stereo multi-
plex in particular cannot be used at MW radio frequencies, though there is no
serious problem (so far) on the VHF band.

The theory of multiplex reception requires simply that the encoded sig-
nal be demodulated by an ordinary AM detector, thus releasing the stereo
difference information for processing with the main L. + R signal to regain the
original left/right stereo. That is in theory, though in practice there are tech-
nical difficulties if the 38 kHz sub-carrier is left intact and added with its side-
bands to the main audio modulation, so this carrier is removed or ‘suppressed’.
However, with no carrier there can be no detection, so means must be found
to recreate it in the receiver. To this end a 19 kHz pilor tone is transmitted as a
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fixed part of multiplex modulation (see fig. 38), this frequency being chosen
for easy conversion to 38 kHz by doubling and because it is exactly half-way
between the highest L + R-audio frequency (15 kHz) and the lowest fre-
quency of the lower L — R sideband (23 kHz). This eases unambiguous iso-
lation in the receiver’s decoder circuit. The decoder’s first job is to recreate
the missing sub-carrier with correct phase and amplitude, using the pilot tone
for reference, and then to carry out the idealised task outlined at the beginning
of this paragraph. ‘Correct phase’ is a key point here, as decoders must be
designed carefully and receiver IF circuits aligned accurately to achieve this
within a close tolerance; otherwise the stereo difference information comes
out falsely and combines with the sum signal to give, in effect, reduced chan-
nel separation. With a good tuner and decoder in correct mutual adjustment
stereo channel separation can be around 40 dB, and better than 20 dB should
be obtained in practice, which is comparable with that available from the best
stereo pickups.

There are two remaining points on stereo radio reception. Although the
Zenith—-GE system is compatible in the sense that multiplex transmissions may
be received as mono on mono tuners, a tuner switched for stereo operation
will not necessarily receive non-stereo programmes, as circuit functions and
interconnections will in some cases block the mono signal in the absence of a
19 kHz pilot tone. However, there are various circuit dodges used to overcome
this minor limitation, and many tuners will be found with automatic adjust-
ment to suit the transmission, while others must be switched manually be-
tween the two functions. As an additional aid, in some tuners the pilot tone is
used also to actuate an indicator light so that the user knows when to switch to
stereo operation. The final stereo point brings us full circle in this survey of
hi-fi FM tuner criteria, for a possible snag with stereo reception is a worsened
signal-to-noise ratio in comparison with mono in otherwise identical circum-
stances. For reasons connected with modulating signal bandwidth, the pres-
ence of a continuous pilot tone, and other related factors, the effective S/N
ratio is lowered such that areas only just within noise-free reception distance
of an FM transmitter may not be suitable for stereo. It is the receiving process
as much as the transmitted signal itself which causes this, so that earlier re-
marks on noise problems in FM reception are largely unaffected except when
the receiver is switched for stereo operation. The matter therefore involves
tuner sensitivity, local reception conditions, and type or position of aerial —
matters to be approached again later at a more practical level. Here we leave
tuners and the mystifications of audio signals attached in the form of modula-
tion to radio waves in space or IF signals in receivers. The reader suffering
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from mental indigestion may well care to feel the terra firma of simple(!)
musical waveforms as we move on through amplifiers and loudspeakers, per-
haps forgetting for a while the intractabilities of amplitude modulation that
insists on varying frequency, and frequency modulation that changes accord-
ing to amplitude.

We now have respectable hi-fi signals in electrical form at audio frequencies
from disc, tape and radio. These must all be brought to a similar voltage level
and made easily selectable; replay corrections must be applied where neces-
sary; some manual alterations to tonal balance may be useful; any small re-
maining deficiencies such as low frequency rumble or ‘edgy’ distortion at high
frequencies could be filtered away; sound volume must be adjusted to taste;
the stereo image may need shifting slightly to right or left; and the signal thus
processed and adjusted must be suitable for feeding to two power amplifiers
in order to drive a pair of loudspeakers. All these functions are performed by a
hi-fi preamplifier, making this the nerve centre of any sophisticated home-
music system; hence the very apt alternative name of ‘control unit’ applied
when the relevant circuits are housed as a separate entity. These circuits could
in theory degrade an audio signal in five respects — distortion, noise, frequency
response, transient response and stereo — so we shall examine hi-fi require-
ments accordingly.

The preamplifier is a sort of buffer between signal sources and power ampli-
fiers. The latter are not normally adjustable, simply requiring input signals of
a certain voltage amplitude for a particular power output. If a preamplifier can
deliver such a signal without running beyond the limits of linearity there is no
distortion problem at this end of the buffer, and unless a unit designed for use
with a sensitive power amplifier is coupled instead to a very insensitive one,
thus raising the necessary signal voltage, there is normally no difficulty. At the
input end things are not so simple, as a practical preamplifier must be able to
cope with a wide range of signal levels from various pickups, tape recorders
and tuners. This is dealt with partly by providing separate inputs of appro-
priate sensitivity for these various sources, and partly by using circuits with a
large overload margin so that signals must rise well above the nominal input
voltage before causing distortion. At some point in any preamplifier there is a
volume control, and as the user will obviously always set this to avoid driving
the power amplifier into audible distortion there is no risk of overloading pre-
amplifier stages after this point. However, before this control the circuits have
to be more tolerant, a fact best illustrated by the following example.

It was explained in the previous chapter how pickup cartridges come to have
their sensitivity expressed in millivolts per centimetre-per-second (mV/cm/
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sec) of recorded modulation velocity, ‘average’ velocity being 5cm/sec. A
typical high-quality magnetic cartridge might have an output of 1-5 mV/cm/
sec and would probably be used with a preamplifier rated at around 4 mV in-
put sensitivity. Such a rating indicates that the preamplifier will deliver its full
nominal output signal to the power section if an input of 4 mV is applied with
the volume control turned fully up. Now, while a recorded velocity of 5 cm/sec
may be a convenient working figure, the loudest musical passages on commer-
cial discs frequently result in modulation levels of 20 cm/sec or more, resulting
in a pickup output of 1-5 x 20 = 30 mV. Since the preamplifier needs only
4 mV in order to drive the power amplifier to its full output, the user auto-
matically operates with the volume control turned down from maximum by
an appropriate amount. But the first circuit still has to handle that 30 mV,
which is more than seven times its nominal input figure, this ratio representing
the minimum safe overload margin needed in such a case. Great care there-
fore has to be exercised in the design of preamplifier input stages — particu-
larly those dealing with pickups. To minimise the risk of overload some units
incorporate such refinements as high and low sensitivity input sockets, pre-
set gain controls, plug-in adaptors to suit various pickups, and so on. Such
matters being dealt with adequately, no respectable control unit or preampli-
fier will introduce significant non-linear distortion, which may be expected to
remain below 0-1 per cent in terms of harmonics or intermodulation at all
signal levels and over the whole audio frequency range. Practical input sensi-
tivities and the very important related matter of #mpedance will be covered
when we come to consider matching and interconnections in later sections.
Also confined in the main to input stages is the troublesome matter of un-
wanted background noise. Such noise, whether of the random sort caused by
minute electrical agitations in components or simply hum induced from valve
heaters or nearby mains transformers, must be considered in relation to audio
signal levels. If the noise-level is, say, more than 60 dB below maximum music
peaks the dynamic range available on disc records can be accommodated
without very quiet passages or subtleties of ambience becoming masked.
Clearly, with a given noise-level it becomes progressively more difficult to
maintain this desirable S/N ratio as the signal amplitude is reduced, and since
signals are always weakest at the input to an amplifier system it is inevitably
the first stage that requires particular attention in design. While carefully con-
ceived valve circuits were good in this respect, the transistor has eased matters
considerably, with internally induced hum now almost a thing of the past and
random noise (hiss) low enough to grant S/N ratios of over 60 dB even when
using very insensitive magnetic pickups. Despite this, many users of hi-fi
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equipment have difficulties, particularly with hum, which often seems to
occur in the preamplifier but in fact usually arises from the way in which pick-
ups and other feeding devices are connected to the input.

Frequency response comes next, to be considered in two lights: fixed cor-
rections and tonal control. Corrections of response must be applied to any
signal which by convention arrives complete with an unequalised recording
characteristic. This encompasses disc records and tape recordings, though in
most cases the latter will be dealt with by preamplifiers in the recorder de-
signed to suit the particular tape-head employed. Some amplifiers have input
points intended to be fed directly from tape-heads, with a frequency response
of the sort shown in fig. 35 (page 93), but except in the hands of a technical
experimenter this approach tends to be rather inexact. Gramophone records
are more straightforward, as the recording characteristic (RIAA) has been
standardised for some years and any pickup with an output proportional to
recorded velocity will offer to the amplifier a signal following this standard. If
plotted on a graph, correct replay equalisation is a ‘mirror-image’ of the re-
corded curve (fig. 28, page 77). It is comparatively easy to arrange for such a
response in a preamplifier: an accuracy of 4-1 dB may be expected in good
equipment.

This all applies to magnetic pickups, which, because they respond to modu-
lation velocity are called velocity pickups. Crystal and ceramic cartridges, on
the other hand, are sensitive to stylus displacement or modulation amplitude
and are thus sometimes known as amplitude pickups. They are largely self-
compensating and have a higher output voltage than magnetic types; pre-
amplifiers therefore usually cater for them with appropriate separate inputs.
Experience indicates widespread confusion over the related matter of sensi-
tivities and impedances, another matter for the practicabilities of later
chapters.

Apart from several input sockets for connection of various signal sources,
all preamplifiers have some means of switching between such sources — some-
times a simple rotary switch, sometimes a row of press-buttons. After selection
and, where necessary, equalisation, it may be thought that audio signals could
then be passed on to the power amplifier without more ado. But this is not al-
ways the case, as several factors make it desirable that the user shall have some
additional control over tonal balance if maximum musical pleasure is to be had
from all programme material. Some recordings and radio broadcast may sound
over-bright or dim, may lack fullness in the deep bass or seem thick-textured
due to excessive low-frequency reverberation. Studio engineers obviously
attempt to minimise such shortcomings, though whether or not they are



112 Hi-Fi in the Home

regarded as faults is of ten a matter of personal taste arising from various micro-
phone techniques or the chosen replay loudness. An instrumental and tonal
balance acceptable to one listener may seem unnatural to another. Also,
acoustics of the listening environment and loudspeaker performance will
affect the sound in this respect. These are matters to be covered in more detail
in later chapters, the immediate point being that preamplifiers should offer a
range of tonal control permitting independent adjustment of bass and treble.

For various technical reasons it is likely that once a musical performance has
been captured in the studio, with whatever overall balance the producer deems
appropriate, any further changes due to deficiencies in circuits or transducers
are likely to involve attenuation at the two frequency extremes. From this
point of view tone controls should facilitate boosting of bass and treble extrem-
ities only, points at which the response starts to rise being brought progres-
sively nearer to middle frequencies as the controls are rotated. Fig. 39 shows
how this might look in terms of frequency response, with corresponding
mirror-image attenuations.

This seems all very neat and logical but itis by no means the whole story;
technical losses of this pure and simple kind, while certainly occurring from
time to time, are usually masked by differences of musical balance due to
microphone techniques, and these demand a rather different approach. If a
record sounds generally over-brilliant the response is likely to need lowering
in the 2-5 kHz region, but if this is done with a treble control of the fig. 39
type set, say, somewhere between —2 and —3 the output will be rather
severely cut at 10 kHz. The result could be a correct musical balance in terms
of instrumental brilliance resulting from overtones below 5 kHz, but a lack of
subtlety and ‘bite’ of the sort due to sound energy at very high frequencies;
reference back to fig. 2 (page 17) shows that nearly all instruments have some
output up to 10 kHz. In the converse case of a dim sound quality, arising per-
haps from use of fairly distant microphones in a hall or studio with a rather
heavy acoustic, a boost may be needed in the upper-middle region. However,
the very highest frequencies will now be lifted out of proportion, and as most
of the more objectionable distortion in domestic sound reproduction - par-
ticularly from discs, due to pickup tracing limitations — occurs above about
7 kHz, we see that the attractions of very simple tone controls begin to fade.
At the bass end there are analogous problems, with undue loss of deep funda-
mentals when attenuating, and troublesome emphasis of very low frequency
noise when boosting.

This being so, the reader may wonder why we have bothered with fig. 39.
The reason is partly that some amplifiers do in fact adopt tone control re-
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Fig. 39 Response of a possible tone control circuit offering boost or cut with constant
slope and variable turnover frequency. Not very satisfactory musically, as explained in
the text.

sponses of thissort — and we shall see in a later chapter that this is not always
so unreasonable — and partly to ease explanation of the more suitable curves
shown in fig. 40. Here it is possible to brighten a dim sound without over-
emphasis of the upper harmonics and any associated distortion, with equal
facility to reduce over-brilliance while retaining some high frequency subtlety.
At the bottom end a small boost lifts the deep bass only, this commonly being
the initial requirement in home reproduction. Further upward adjustment
continues to boost the lowest frequencies whilst also extending the rise into
the tenor region above 200 Hz, where an exceptionally ‘thin’ sounding signal
might benefit from some accentuation. Conversely, bass cut can be used to
lighten a thick musical texture without undue sacrifice of fundamental tones.

Practical tone controls are usually continuously variable between extremes
of lift and cut, with a nominally ‘flat’ response position somewhere in between.
The curves in figs. 39 and 40 are drawn simply to show the sort of variations
that might be expected at various settings, the plus and minus figures being
quite arbitrary and not representing actual calibrations met on commercial
units, a matter in which there are no standards. Also, the masximum limits
H
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Fig.40 Desirable type of tone control response, giving shifts of musical balance without
excessive effects at the frequency extremes.

shown are rather more drastic than will usually be needed in practice, the
curveslabelled +3 and —3 representing the sort of extremes found on domes-
tic equipment. Before leaving tone controls mention should be made of
another type of treble lift provided on some amplifiers and called presence. This
is'a switchable boost that raises the region above about 2 kHz by a few decibels,
rather in the manner of a -1 treble lift in fig. 40, but starting perhaps a little
lower down the frequency scale. The effect is to brighten dim or ‘fuggy’,
sounding music, to bring it forward or make it more nearly ‘present’ for the
listener.

Now we come to filters. These are designed to remove undesirable noise and
distortion with minimal degradation of musical quality, rather as the mesh in
a sink runaway should hold back potato peelings without slowing down the
flow of water. In both cases there are limitations, for too many peelings will
themselves clog the flow, and excessive noise or distortion will extend too far
into the musical frequency band to be attenuated without some loss of balance
or tone-colour. Filters used to cope with these problems are, like tone controls,
circuits within the preamplifier arranged to have particular types of frequency
response. However, they differ from such controls by attenuating very
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Fig. 41 Some typical preamplifier filter responses.

rapidly above or below particular frequencies, and because of the associated
steep slope in the response curve are sometimes known as steep-cut-filters.

At low frequencies the offending noises usually come as rumble from in-
ferior turntables, and the corresponding rumble filter must offer a reasonable
compromise between adequate bass response and elimination of such noises.
Fig. 41 shows the sort of LF fall-away (dotted curve) that might be provided
as an optional response at the touch of a switch, and although such a filter
would be said to have a cuz-off frequency (by convention, frequency at which
response is down by 3 dB) of 60 Hz, it is surprising — until one looks again at
fig. 2 - how little this affects most music. On amplifiers of very high calibre,
the sort not normally used with any but the most expensive ancillary equip-
ment, a switched filter of this sort will often be omitted or arranged to work at
a lower frequency. The full line in fig. 41 shows a possible resulting response,
designed not so much to eliminate audible rumble as to remove sub-sonic
noise-signals that might otherwise pass through the power amplifier to damage
loudspeakers or create distortion by causing excessive cone movement. Vari-
ous labels will be found attached to the type of filter so far discussed: rumble,
sub-sonic, low, low frequency, LF, Lo and %zgh- pass, this last being the tech-
nically correct engineer’s name even though slightly confusing at first glance.

At the other end of the frequency scale we find low-pass devices, known
variously as scratch, hiss, high, high frequency, HF and Hi filters. The
‘scratch’ label is an inheritance from the days of 78 r.p.m. shellac records,
though hiss is still with us from a minority of LP discs and from most tapes
played at domestic speeds. However, unless removing interference attached to
programmes coming from AM tuners, an HF filter is these days used in the



116 Hi-Fi in the Home

main for reducing the effects of distortion rather than coping with noise. It
has been explained in earlier chapters that amplitude distortion produces
intermodulation components, and that these cannot help sounding harsh and
unpleasant. A signal subjected to such distortion over the whole frequency
range is irretrievably degraded, and it might therefore be thought that nothing
can be done about this in a preamplifier. Now this is true, but it happens that
the type of non-linearity operative in pickup tracing distortion is confined by
groove/stylus geometry to the higher audio frequencies, the majority of ob-
jectionable extra harmonic and inharmonic waveform components being
generated, as noted earlier, above 7 kHz. Likewise, various factors in tape re-
cording and broadcasting tend to introduce a little HF distortion while leaving
the rest of the range unblemished. It follows that a filter designed to attenuate
high frequencies steeply without cutting very far into the musical spectrum is
often useful, and is a fairly common provision on all but the least ambitious
amplifiers. A single switched HF filter of this sort is likely to have a response
similar to that shown in fig. 41 (dotted line). More elaborate preamplifiers en-
able the user to alter the steepness of fall-away by rotating a knob, thus making
it possible always to obtain maximum musical information at minimum distor-
tion. The greatest sophistication combines variable slope with a selection of
cut-off frequencies.

Excessive use of the HF filter can upset transient performance in a pre-
amplifier. In theory, any deviation from a level response degrades musical
transients, which depend on an extended frequency range in addition to
freedom from resonance. But the ear seems to prefer a balance of modest
deficiencies to a combination of one markedly unnatural characteristic and per-
fection in all other respects. Thus modest filtering to remove some distorted
edginess from string tone is acceptable despite a slight loss of impact in cymbal
clashes, whereas too much filter introduces a ‘strangled’ sound quality, indi-
cating that the transients need a little more freedom. )

Returning to frequency response, the overall performance of a good pre-
amplifier with all controls set at their nominally ‘level’ positions can and should
be within 4-1 dB out to 30 Hz and 15 kHz. Response should not be affected by
volume settings unless a Joudness control is incorporated ; a conventional volume
control is not frequency-sensitive. On most amplifier systems sporting a loud-
ness control the facility is switchable, the same potentiometer becoming a
plain volume control when the relevant switch is off. Reference to fig. 7 (page
30) and the associated comments in Chapter 1 will help understanding of the
theory behind loudness controls. If music is reproduced to create at the ears a
lower sound level than would occur if the listener sat in the recording studio,
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tonal balance is distorted. This is because as the overall sound intensity is
lowered there is disproportionately greater reduction of subjective loudness at
low frequencies — at least as revealed by tests conducted with isolated pure
tones. Thus when we listen to music at low volume levels it is necessary to
apply some bass lift to regain the correct balance. Since, it is argued, most
domestic music is indeed heard at lower than concert hall levels, it is appro-
priate to incorporate some automatic compensation in the amplifier, with
maximum departure from a flat response at low control settings. The response
adopted varies between amplifiers, but resembles the lower loudness-lines in
fig. 7, rising at low frequencies.

On the face of it this all seems very fair, though some of the underlying
assumptions are questionable. Firstly, it does not necessarily follow that pat-
terns of hearing sensitivity revealed with sine-wave tones in the laboratory
apply simply and fully to complex music waveforms. Personal observations
from various positions in concert halls suggests that while there is indeed some
relative loss of bass at greater distances from the orchestra, it is not quite of the
magnitude assumed in the design of loudness controls. Secondly, while it is
obviously true that most home listeners using cheap record players or radio-
grams do not reproduce music at the full natural level, this is not always the
case with people using good hi-fi equipment. Thirdly, if the listener adopts a
replay level that places him, aurally, near the back of a concert hall but uses
loudness compensation when reproducing a recording offering the balance
heard from a seat in the stalls, he will presumably have sensations correspond-
ing to a loudness as heard at the back and tonal balance as heard at the front.
No doubt an enlightening experiment in psycho-acoustics, but quite un-
natural and certainly nothing to do with true high fidelity. In good stereo re-
cordings the apparent distance of the performers is more or less set by the
recorded ambience, and this determines a natural replay loudness. If reproduc-
tion at this level happens to coincide with a loudness control setting still giving
some bass lift (and it might easily do so, for no such control can anticipate or
cover a wide range of recording levels or signal source amplitudes) then the
extra ‘compensation’ is clearly quite irrelevant.

In short, the loudness control is no more than a bright pseudo-scientific
idea unrelated to natural music reproduction: its application is either irrele-
vant on its own reckoning, or, if relevant, bound by definition to produce an
unnatural sound quality. The reader may object that by the same sort of logic
the subject should not have been mentioned in this chapter on high fidelity;
but in some quarters loudness controls are accepted as part of the natural hi-fi
order, and to refrain from comment might be regarded as a serious omission -
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rather as with auto-changers in the previous chapter. Finally on this loudness
question, for those who like some bass lift for listening to background music
late at night, there is, after all, the ordinary bass control.

Now to the last preamplifier performance feature: stereo. This is mainly a
matter of duplicating all the circuits while avoiding interchannel crosstalk
which could arise between adjacent wiring or via common power supply com-
ponents. Tone and volume control potentiometers are coupled in pairs
(ganged), and to preserve proper channel balance at all settings these com-
ponents have to be accurate and reliable. In really good units left/right errors
will not exceed 2 dB at any frequency with practical combinations of control
settings. Channel separation should easily be maintained at better than 40 dB.
Apart from a few unusual amplifiers in which the controls are concentric but
not rigidly ganged together, thus permitting differential channel adjustments,
all stereo units have a balance control. This is arranged to give equal gain to
both channels in its central position, tipping the balance of gain towards the
left channel in one direction and towards the right in the other. As we shall
see later, this has the effect of shifting the sound-stage to compensate for any
unbalance in stereo signals.

Various switching arrangements are adopted to cope with mono and stereo
inputs, it being customary to arrange internal connections so that a mono
signal may be reproduced double-mono via both channels, and also, in some
cases, via one channel only when preferred. For those who have muddled their
loudspeaker wires or who like members of the orchestra to change sides be-
tween symphonic movements, some amplifiers even provide a channel reversal
switch. Another refinement is a signal outlet point providing a derived centre
channel, the derivation being a simple addition of left and right signals for
feeding a third power amplifier. This in turn operates a loudspeaker to fill the
proverbial stereo hole-in-the-middle, which really only arises, as will be ex-
plained in the next chapter, with ping-pong type recordings or improperly
placed or unsuitable loudspeakers.

The power amplifier, next item in this hi-fi survey, may be treated as a
functional entity even though preamplifier circuits will frequently be- inte-
grated with it rather than housed separately as a control unit. The PA is fed
with an audio signal voltage at its input and delivers audio power to a loud-
speaker at the output; it has no adjustments or controls apart possibly from a
few pre-set devices not to be touched by the unqualified; it is normally the
largest of the three electronic units; and it is likely to generate most heat. Two
aspects of performance may be dismissed as unlikely to degrade musical sig-
nals: background noise and stereo. The latter simply involves circuit duplica-
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tion on a single chassis, and as only the power supply is common to both
amplifiers, with no ganging of controls or need for a channel balancing circuit,
there is normally no bother with crosstalk. Unlike preamplifiers, power cir-
cuits do not have to handle very low voltage input signals and are therefore not
usually subject to difficulties with internally generated noise. Taking the full
output power for reference, S/N ratios of over 80 dB are commonly achieved,
though some models may produce an audible hiss if used with certain types of
highly efficient loudspeaker. This leaves frequency response, transient
response, non-linear distortion and power capacity.

Frequency response may normally also be dismissed as this can easily be
flat within much less than one decibel over the whole audio range; but there
are some minor qualifications to this arising from distortion factors, to which
we shall return shortly. Transient performance, as was noted in connection
with preamplifier filters, depends on frequency response, and it might be
thought that as this is so flat in power amplifiers there cannot be any transient
difficulties. Well, this is not the whole story, for even though the sharp edge of
a transient musical sound — perhaps a drum beat, cymbal clash or plucked
harp string — will not be blunted if the response is wide and flat, that very edge
may excite circuit resonances beyond the lower and upper audible limits. If,
at the same time, the amplifier is being driven by the reproduced music signal
towards its power limit it is ‘possible for any ‘ringing’ thus introduced to inter-
act with the signal in various subtle ways. Despite the transient impact there
can be a certain fluffy imprecision. Valve amplifiers were generally more in-
clined to this sort of trouble than are their transistor successors, mainly be-
cause a valve power output stage uses a transformer, and this component
must be designed and used with the sort of care devoted only to the very best
equipment.

The reader may come across references to square-wave testing in assessments
of power amplifier performance. The square-wave is a rather unnatural man-
made type of signal which happens to be the last word in transients. Fig. 42
shows what it looks like if displayed as a vibration-curve, together with the sort
of thing done to such a signal by a poor amplifier. A first-class power amplifier
will leave the waveform almost unscathed. An important point here is that
transient performance is dependent in many amplifiers on the impedance of
the load offered by the loudspeaker. We shall see soon that this never has the
quality of pure electrical resistance, and amplifiers therefore have to be very
tolerant. Related to this is szability or refusal to develop self-oscillation. Some
amplifiers will, in certain conditions of use and with certain types of loud-
speaker load, actually generate continuous oscillations at supersonic frequen-
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Fig. 42 Square-wave and the sort of output it might produce from a power amplifier with
poor transient response.

cies. Unconditional load stability is therefore a desirable feature in amplifier
specifications. Also connected with load values and output conditions is a
feature called damping factor, to be explained shortly when we investigate
loudspeakers.

Very low non-linear or amplitude distortion is desirable in power amplifiers
as in other links in the hi-fi chain. A distinction here is that this must be
achieved at high levels of output power (watts) rather than with the small vol-
tage signals handled so far. As the power rises so does the risk of distortion,
and to confine this to a negligible percentage up to the desired power level a
circuit technique called negative feedback is employed. To apply such feedback,
some of the output signal is injected into an earlier part of the circuit at a point
before any significant distortion would have occurred. It is applied so that the
fed-back waveforms are always in phase opposition to the input signal wave-
forms. Extra input is needed to overcome the negative influence of the feed-
back, though any distortion added by the circuit after this point is not over-
come by the increased input signal because it naturally contains no correspond-
ing anti-phase waveform components. Thus while input and feedback find a
point of equilibrium corresponding to a certain reduction of overall voltage
gain, the full measure of any distortion is fed back into the circuit and, having
an inverted phase, tends to cancel itself at whatever point it was originally
introduced. Such introduction occurs mainly in the output stages, and with
feedback applied can be held down to a low level until just before the unavoid-
able overload point, as depicted in fig. 43 (full line). In Britain a total har-
monic distortion (THD) of 0-1 per cent at full rated output power is widely
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Fig. 43 Two ways in which distortion might change with output from power amplifiers.

Both amplifiers would have similar power ratings, though the solid line performance is

preferable. The overload point is clearlyabove20W in this case, but is rather indetermin-
ate on the dotted line.

regarded as the ideal at which to aim,and while this is probably unnecessarily
stringent, the American 1 per cent is certainly too permissive, particularly for
types of distortion which can arise in some transistor amplifiers. If the full line
curve in fig. 43 applied at all audio frequencies it would be reasonable to rate
such an amplifier at, say, 23 watts (0-5 per cent THD).

Distortion figures should be treated with care, as it would be easy, for
instance, to say that the two amplifiers in fig. 43 will produce 24 watts and
20 watts respectively for 1-0 per cent distortion. True as well as easy — but
misleading. In one case distortion remains negligible right up to a point
only fractionally below the rated output, whereas in the other it might impart
a very slight roughness to the sound on musical passages reaching to within a
few decibels of the nominal maximum power. More important than this, the
solid line curve might only apply at some mid-frequency convenient to the
manufacturer, power and distortion performance at high and low frequencies
not being mentioned. Power can be limited at both audio extremes in cheaper
valve amplifiers due to shortcomings in output transformers, and was also re-
stricted at the HF end in some early solid-state circuits due to use of cheap
output transistors. Also, there is a tendency for circuits to shift the phase of
waveforms at high frequencies, which means that negative feedback is not
quite so negative and thus becomes less effective at reducing distortion. In
some circumstances it might actually become positive, leading to the insta-
bility troubles mentioned earlier. It is in these respects that specifications of
power amplifier frequency response sometimes have to be qualified, for while
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a circuit could have a flat wide-range response when measured at a lower
power output, it may not be capable of delivering the full power over such a
wide band. In technical parlance its power bandwidth may be somewhat re-
stricted, this bandwidth normally being defined by the lower and upper fre-
quencies at which an amplifier will deliver half the full rated power. A plot of
power output capability against frequency in known as the power response.

The type of distortion so far considered is of the simple overload variety,
which falls progressively with output level and only becomes serious when an
amplifier is operated at the limits of its power handling capacity. All output
stages in hi~fi amplifiers employ balanced pairs of valves or transistors in push-
pull circuit configurations wherein components work in phase opposition for
lower distortion at greater efficiency. There are variations on this push-pull
theme, the associated circuits being designated in ‘classes’ — Class—A, Class—
AB, Class-B, etc.

To examine these in detail would take us too deeply into technical circuit
problems, but in general terms it may be noted that with Class—A operation
(normal in high quality valve amplifiers) the signal is so disposed in relation to
the overall transfer characteristic that distortion must be highest when signal
amplitude is high and rapidly becomes immeasurably small as the signal level
decreases. With Class-B operation (normal in transistor amplifiers) achieve-
ment of low distortion at low levels depends on fairly critical circuit adjust-
ments. This is because positive and negative portions of the signal waveform
are divided between the pair of output transistors, and it is important to en-
sure that signals cross the polarity line smoothly. If the crossing-over process
suffers any discontinuity it produces crossover distortion, and as this takes place
at the AC ‘zero’ line it is bound to be effective at low rather than high ampli-
tudes. Good transistor power amplifiers employ sophisticated techniques to
givedistortion performances indistinguishable from those obtained with Class—
A circuits, though many early solid-state amplifiers suffered from a charac-
teristic called ‘transistor sound’. This was almost certainly due to crossover
distortion, though human nature being what it is, it was for a time heralded as
a great new hi-fi revelation, many users managing to convince themselves that
the change was due to improved transient performance. Crossover distortion
would be represented on curves like those in fig. 43 by a tendency for the dis-
tortion to stop falling at some fairly low power level, perhaps even climbing
again as the power output approaches zero.

Power handling capacity is the one remaining amplifier feature to be dis-
cussed before we break away from electronic circuits to look at loudspeakers.
It was noted in Chapter 2 that a power somewhere in the region of 5-30 watts
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might be required domestically to drive loudspeakers of average efficiency up
to natural peak music levels. The word efficiency is used here in the engineer’s
sense to denote that percentage of the electrical power fed in which comes out
as sound. We shall see later that this can vary even more widely than the six-
to-one ratio implied here, though for present purposes it will be convenient to
take a figure of 20 watts for some explanation of wattage ratings. In any case,
differences of a few watts in maximum output capacity are not very significant
in terms of corresponding loudness changes, especially when it is recalled that
halving subjective loudness requires a fall of 10 dB, which reduces our 20
watts to 2 watts as noted on the top scale in fig. 43.

There are various ways of measuring power output, some meaningful, some
not so meaningful. The basic, traditional way normally adopted in Britain is
to measure the continuous sine-wave power that the amplifier will deliver into
a stated load at various frequencies for the claimed total distortion. This is
simple and foolproof, and is really the only completely honest way of doing it.
A simple sine-wave (fig. 3, page 21) varies its height above the ‘zero’ line as it
passes through its cycle of change, and the power dissipated when a signal
with such a voltage waveform is applied across a load depends on the mean or
effective voltage. Due to the mathematical procedure for determining this, it
has the rather alarming name of root mean square, normally abbreviated to
RMS. Inevitably, the RMS figure is below the peak figure and in ordinary AC
voltage measurements it is RMS which is quoted. However, it has been known
for amplifier manufacturers to use sine-waves for power output measurement,
and then to quote that power produced at the instant of the peak, which hap-
pens to give just twice the power, or 40 watts in the fig. 43 case. This is rather
like rating a 1 kW electric fire at 2 kW with the claim that while the heat fed
into the user’s room is equivalent to only 1 kW, it will actually be handling a
peak of 2 kW for a few microseconds twice in every cycle of mains frequency.

Another variation on a related theme is called music power, which is the
maximum sine-wave power obtainable before presence of the signal has time to
degrade performance. It is in the nature of Class—B amplifier circuits that cur-
rent drawn from the power supply varies according to signal level. Things are
normally arranged so that short bursts of current consumption do not upset
the supply, though sustained current drain will lower its voltage and thereby
reduce the power capacity of the amplifier. For this reason some Class-B cir-
cuits will deliver much more music power (length of time unspecified) than
genuine continuous power, which of course is why this particular type of
rating was thought up. The best amplifiers incorporate stabilised power sup-
plies which do not affect power output performance, though it can normally be
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taken that a model whose specification includes a music power rating is not so
equipped. If such a specification also includes a continuous rating (sometimes
called RMS power) and th