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RADIO NEWS . ...

foremost American Radio magazine, is obtainable direct by
post from America; the only sure way of receiving copies
regularly. !

RADIO NEWS unfolds, month by month, the complete
story of radio research and development. Editorially and
in presentation, printing and production, it maintains the
highest American standards. Each issue contains from 136
to 160) pages of news, articles, pictures and advertisements,
brilliantly written and illustrated.

Radio technicians, dealers, business and factory
executives, radio specialists in the services, amateurs, *“ hams,”
officials, research specialists, constructors, all are fully catered
for. The scope of RADIO NEWS, in all that matters, is

complete.

For a modest sum, payable in advance, the postman will
deliver a copy at the door every month.

Subscription orders may be placed through your Radio
dealer or newsagent or, in case of difficulty, posted to us at
the address below.
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POPULAR PHOTOGRAPHY, FLYING, PLASTICS,
and the new PHOTOGRAPHY

From the publishers of RADIO NE\VS come these four superb
magazines, each completely fulfilling, n its own-sphere, the same
essential purpose as RADIO NEWS. Informative to the highly
skilled operator or technician, yet understandable and interesting to
the amateur : intensely practical, yet never dry or stodgy. Brilliantly
written, copiousiy illustrated and beautifully produced, each magazine
maintains the highest standards for which American magazines are
famous.
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Chapter 1
THE NATURE OF SOUND

The task of a loudspeaker, whether it is connected to a receiver or
amplifier or any other type of gear, is to convert fluctuations of electrical
energy into sound. The sound may be a single tone, should the receiver
be given over entirely to C.W. reception, but in general the sound will be
either speech or music or noise, or a mixture of any or all of these things.
It will be as well, therefore, to investigate the nature of these sounds before
treating with the loudspeaker itself, so that its task may be more fully
understood.

Sound is, of course, a mechanical movement of air caused by some
disturbing factor, and jt is worth while to remember that sound *‘ occurs ’
as an effect of pressure and rarefactions of air on a perceiving organ, the
ear. Most readers will know the old question—if a volcano blew up with
nobody near it, would there be any sound? The correct answer, presumably,
is that there would be sound in plenty, but that it would remain unperceived.

All sounds—vibrations within the audible range—have three main
characteristics :* pitch, loudness and phase, and to the conception of pitch
must be added the conception of quality. ,

The pitch of a sound depends primarily upon the frequency of the vibra-
tlons, and is therefore expressed in cycles per second, and it is relatively
rarely that a sound wave consists of a purely fundamental frequency. The
vast majority of sounds consists of a number of components bearing harmonic
relationships one to another, these components combining to give a complex
wave-shape. The pitch of the resulting sound is the fundamental frequency
of these harmonics, and the quality of the sound is given by the harmonics
which are also called overtones. Consider, for example, a note played on the
piano and the same note played on an organ. The qualities of the two
sounds are remarkably different, although the pitch is the same in each case.
It is the harmonics existing in a sound, therefore, that give the sound the
indefinite ‘‘ something ’’ that allows the ear and brain together to say,
“Organ,” ‘ Piano,” *‘‘ Harp,” ‘‘ Voice,”” even though the various sound
sources are all giving the same pitch of sound. Changing the harmonic
content of the sound changes the sound gquality.

The loudness of a sound depends, naturally, upon the amplitude of the
sound wave, and has some slight effect upon pitch so far as the response of
the ear is concerned. Sound loudness is measured in bars, the bar being a
unit of pressure representing 1 dyne per square centimetre of energy, or
sound can also be measured as the ratio between the energy of the sound
wave actually heard and the energy of a just audible wave at the same pitch,

" The phase of a sound is related to the actual rarefactions and compres-
sions of air. It is possible, for example, to produce a sound wave at a
certain pitch—say, by striking a gong—where the first cycle was a compres.

B



slon cycle, but if the first cycle was a rarefaction cycle the sound reaching
the ear would sound identically similar. The ear, therefore, is quite insensi-
tive to phase, but this is not the case with mechanical devices where phase
considerations must often be taken into account. Naturally, the ear is not
insensitive to phase where sound travels by different paths to the ear from
a single source so that the resultant souhd level differs according to whether
the sound waves are in or out of phase, in-phase waves adding in intensity
and out-of-phase waves subtracting, but this is an effect extraneous to the
ear, and is linked up with reverberation effects, etc.

Speech

The frequencies used in speech fall between the limits of 100 and
10,000 cycles with the fundamental frequency set by the vocal cords of the
speaker. The vocal cords of men have a fundamental frequency of about
125 cycles per second, whilst the vocal cords of women have a fundamental
frequency of perhaps twice this figure, the fundamental frequency rising in
each case with a rise in sound intensity. The different sounds in speech are
produced in a variety of ways. When a stream of air from the lungs is set’
flowing over the vocal cords, a fairly powerful sustained sound is set up,
forming a vowel, and the tongue and lips are automatically shaped to provide,
with the throat and mouth and nasal cavities, a resonant ¢chamber which
gives reinforcement to some of the harmonics contained in the basic sound
whilst damping or suppressing other harmonics. Some sounds do not come
from the vocal cords at all, whilst others are formed as beginnings and
endings to a vowel sound, the beginnings and endings being produced in
various ways with the mouth, tongue and lips.

The power used in speech is surprisingly small. More than once the
suggestion has been put forward that microphones should be placed in
noisy situations or in places where a considerable amount of talk goes on,
such as the House of Commons, in order that the waste energy might be
converted into electrical energy for heating and lighting! Since the very
loudest sound connected with speech has a peak energy of perhaps one-
two-hundredth of a watt, whilst the energy of ordinary conversation is, on
the average, below 10 microwatts, any such scheme is due for failure.
Nevertheless, the intensity range of the voice is very wide. A faint whisper
is something like half a million times less powerful than a really loud
shout,

Although speech frequencies range between 100 and 10,000 cycles,
speech can be transmitted electrically by using a much more restricted
frequency range, and whilst the ‘‘ natural » quality of the speech is bound
to suffer, intelligibility can be retained over a frequency band of only 250 to
3,000 cycles or so.. This is fortunate, for in many cases it is desirable to
attenuate the frequency range over which speech is transmitted or reproduced.
The telephone, for example, has a restricted frequency range, and even the
ordinary broadcast station must suppress frequencies above 5,000 cycles in
order that its total bandwidth shall remain within the agreed limits.
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Music

Music differs from speech in that the frequency range covered is much
wider, being extended both at the low and high frequency ends, whilst the
power involved is much greater. So far as frequency is concerned, many
musical instruments produce sounds whose fundamental frequencies are as
low as 50 cycles per second or less, and as high as 15,000 cycles. The
power of ‘a large orchestra can be as much as 100 watts on peaks, with an
energy range of 10 miilion to one between the loudest and softest passages,
and it is interesting to learn that the drums — or, more properly, the
tympani—are among the most powerful orchestral instruments and have a
frequency range of from below 50 to 3,000 cycles per second.

Comparing the peak energies of a normal volce and a large orchestra
will enable the reader to realise one of the great difficuities always attending
the reproduction of speech and music in the home. The voice can be pre-
sented greater than life-size—the microphone can be close to the speaker
and its output subjected to great amplification, whilst at the receiving end
practically any good set will provide an output so great that the speaker’s
voice will be louder than a normal voice in the same room. Now let an
orchestra be broadcast—how should it be reproduced in the small living-room
in which it could not play? If the voice of a speaker can be tolerated at
greater-than-normal loudness levels, should the orchestra also be louder than
life? It appears that the human ear is a very tolerant organ, and this in
fact is so.

The Ear

The ear has a wide frequency range over which it is abie to operate,
the actual range appearing to vary with the age, health and general make-up
of the person. An average frequency range would be from 20 cycles (below
this sound is beginning to be ‘ felt ”’ rather than ‘‘ heard ”’) up to 20,000
cycles, though the upper limit varies considerably and is a low limit com-
pared with some animals. Scientists are still discussing the possibility that
some ‘‘ dumb ’’ animals actually make use of supersonic sound for communi-
cations, supersonic sound being sound at frequencies beyond the limit of
human audibility. One well-known animal noise near the upper limit of the
human ear’s frequency range is the squeaking of bats.

The points at which sdund is only just audible, in one direction of
sensitivity, and at which sound is so loud that it produces the sensation of
pain at the other extreme, are named respectively the Threshold of audibility
and the Threshold of feeling. The ear is most sensitive between the
frequencies of 1,000 and 3,000 cycles.

The important characteristics of the ear, however, related to sound
reproduction and radio work, are the production of subjective tones and
masking. Subjective tones are formed in the ear by relatively powerful
sounds; “and are harmonics and sum and -difference frequencies which,
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although not present in the original sound impinging on the ear, are passed
on to the brain. For example, a sound might have its fundamental frequency
removed or filtered out, leaving only the harmonics forming the sound
quality, yet to the ear the pitch of the sound would not appear to change.
The ear would form a subjective tone from the harmonic contents of the
sound to take the place of the missing fundamental frequency, and the sound
would thus be passed on to the brain. Subjective tones are the result of
a non-linear response of the ear, and the ear is thus able to fill in for itself
““ gaps ' in a transmitted frequency range. A loudspeaker, for example, may
be a very bad performer on the low frequencies, as shown by tests with
mechanical apparatus, yet give quite good results when judged by ear alone,
the ear itself supplying the miscing tones.

Masking is the progressive deafening of the ear to higher frequencies by
lower frequencies. Subjective tones caused within the ear by low freguency
sounds or notes make the ear less sensitive to higher frequency sounds, one
example of the effect being the necessity of speaking more loudly in a noisy
locality. .

Noise may be described as random sound—sound existing or distributed
over a wide frequency range without a fundamental frequency or pitch.
Nevertheless, different noises have different distributions of energy, and a
great number of noises have their main energy at hign frequency levels. At
the same time, music is often accompanied by noise set up as a by-product
. of the instrument being played. Most listeners will have heard key-clicks
from pianos, air-hiss from organs and clarinets, plectrum-clicks from guitars,
and similar instances, whilst surface and groove noise from. gramophone
records presents a problem concerning which much has been written and
to alleviate which much work has been carried out.

The reproduction of music is also affected to some extent by the relation-
ship existing between loudness and frequency. Reducing the volume of a
record-player or radio receiver has the effect of reducing the loudness of the
bass frequencies to a greater degree than is the case with the high
frequencies, this being due to the fact that apparent loudness is reduced
with a reduction in frequency. Some receivers are fitted with compensating
volume controls which attenuate the high frequencies when the volume is
reduced in order to maintain some degree of tonal balance.

With these various effects born in mind, it is interesting to speculate
on the true meaning of * high quality ’ sound reproduction. The ear of
the individual will place its own interpretation on the sound presented to it,
and there is no doubt that a reproducing system set to give results very
pleasing to one-observer will totally fail to please another, even though both
observers hear the original orchestra with pleasure. 1t would appear that
the art of building a high quality amplifier or receiver Is to construct the
apparatus to distort the signal into a final and acceptable form for the
particular user or observer—it is certain that a level'response curve is very
far from being the final desideratum.



Chapter 2
THE LOUDSPEAKER IN THEORY

In the early days of radio it is possible that more time was spent on
loudspeaker development than any other single item of gear, but the multi-
tudinous forms of loudspeaker have now all' become standardised into three
main kinds—the popular dynamic speaker, the horn speaker, and the mag-
netic speaker.

E
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F1G. 1.—The Dynamic, or Moving-Coil, Loudspeaker.

Undoubtedly the reader will be most interested in the dynamic -loud-
speaker, or moving-soil speaker, which is now so widely used. The horn
loudspeaker is chiefly used for public address work and, in some forms, for
cinema sound equipment, and the magnetic speaker can still be found in
some battery sets and, in particular, in portable receivers, where its small
gize and light weight make it of use. The magnetic or armature speaker,
however, has a poor performance when compared with a moving-coll speaker,
and there are few cases where a moving-coil instrument could not be substi-
tuted beneficially for a magnetic movement.

The dynamic speaker, shown in cross-section in Fig. 1, essentially con-
sists of a small coil, the voice coil, suspended in an intense magnetic field,
this field being supplied either by a permanent or an electro-magnet. The
coil is held in the field by a spider which positions the coil centrally in
a narrow annular gap, the clearances being small so that the magnetic field
is concentrated. The spider is made of springy material in fhe majority of
cases, but a soft or yielding material is sometimes used. The voice coil is
directly fastened to a cone made of stiff paper, which is thus centralised
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with the coil by the spider, and the edges of the cone are fastened in some
way to the framework of the loudspeaker for support. This fastening, of
course, should be flexible, in order that the cone has a degree of forward
and backward travel.

When alternating currents are passed through the voice coil they set up
a magnetic field in and around the coil, the intensity of the fiecld obviously
depending on the instantaneous intensity of the current. An alternating or
speech current thus gives an alternating field of varying intensity, and this
field interacts with the field already cutting the turns of the voice coll, the
steady magnetic field provided by the loudspeaker magnet. The interaction
of the field results in forces playing upon the speaker magnet poles and the
moving coil, and whilst the magnet poles are fixed the voice colil is free to
move so that it trembles back and forth, carrying the paper cone with it
through small excursions of travel. The cone therefore acts upon the air in
contact with it and sends forth a series of rarefaction and compression waves
—in other words, it causes sound.

When the magnet of the loudspeaker requires electrical energisation, it
is generally used for another purpose as well, being pressed into service as
a smoothing choke for the receiver into which the speaker is fitted. The
receiver then draws current through the magnet coil, the current, flowing
from the receiver’s rectifier, is smoothed and the magnet is energised. There
is a chance, of course, that the ripple on the speaker energising current will
cause a hum in the loudspeaker, and to counteract this effect a hum-bucking
coll is provided. The hum-bucking coil is wound round the magnet pole and
consists of a few turns of heavy wire, unlike the magnet coil, which consists
of many turns of fine wire. The speech currents to the moving coil are then
passed through the hum-bucking coil, the connections being as shown in
Fig. 2. Any hum in the magnetising current induces a hum voltage across
the voice coil of the speaker and also across the hum-bucking coil, and if

HUM - BUCKJ NG COIt

i i i
nEw ﬁ ]

VOICE €OIL
WINDING

SPEECH OR $1GNAL SOURCE

F16. 2.—Speech or Signal Source.

the hum-bucking coil is connected into clrcuit in the right sense these two
hum voltages tend to cancel each other out, the speaker thus being practi-
cally hum-free. The hum-bucking coil connections are generally brought out
to a tag board and the connections are made experimentally, the hum increas-
ing instead of decreasing if the coil is connected between the voice coil and
output transformer in the wrong sense. .
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The voice coil is connected to the output valve or stage of the receiver
or amplifier from which it Is supplied with speech and signal currents through
a step-down transiormer,

The moving parts of the dynamic loudspeaker, the cone and voice coil,
have a natural frequency which is generally arranged to fall at' the low
frequency end of the audible range. The cone and voice coil are thus
resonant at this frequency.

It is most important that any dynamic loudspeaker shall be mounted on
a baffle board or in a cabinet acting as a baffle board. Without a baffle board
the low frequency sound waves radiating from the back of the cone can
immediately flow round the cone to mingle with the sound waves radiating
from the front of the cone. Since these sound waves are directly out of
phase they will interfere unless a baffle is provided to keep them separated.

The voice coll and cone vibrate at a velocity which is proportional to
the force applied divided by the mechanical impedance present. The mecha-
nical impedance is made up of a mass, a compliance and a resistance, the
mass consisting of fhe effective mass of the cone and voice coll with the mass
caused by air in contact with the cone, the mass being taken at the particular
frequency applying; the compliance involves the spider and enclosed air
spaces and other factors which stiffen the movement; whilst the resistance
is made up of eddy-current losses, friction, the radiation of sound, and
similar factorxs:

Eddy-currents occur in the magnet’s pole faces, and since it is moving
in a magnetic field in the coif itself, these currents absorb energy from the
circuit. Eddy-current losses may therefore be represented by a series resis-
tance. In addition to causing eddy-currents, the movement of the coil
produces a back E.M.F.; this reduces the current flowing in the coil, but
absorbs no power and may be represented as an increase in the colil
inductance.

In the same way the other mechanical losses can be likened to electrical
losses, so that it is possible to draw an equivalent circuit of a dynamic loud-

COMPLIANCE
1
LR
VOICE COIL MASS EOUIVALENT RADIATION
o INDUCTANCE RESISTANCE
SIGNAL SOURCE
L
VAV V- . AN WN—
VOICE COIL RESISTANCE EDDY CURRENT & OTHER LOSSES

MOTIONAL IMPEDANCE CCOUPLING )

Fic, 3—Equivalent Circuit of the Dynamic Loudspeaker.
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speaker as in Fig. 3, where the voice coil resistance and inductance are
shown coupled to the speaker’s mechanical equivalents. The motional imped-
ance appears in this figure as the coupling impedance between the two colls,
and the mechanical equivalents obviously make up a tuned circuit complete
with inductance, capacitance and resistance, and it is the energy spent in
the resistance equivalent to the speaker’s radiation resistance which corres-
ponds to the actual sound energy given by the loudspeaker. At low
frequencies the radiation resistance falls very rapidly until at the frequency
to which the voice coil and cone are resonant the output tends to be large,
since radiation resistance is governed by the ratio of the cone diameter to the
wavelength of the sound produced (assuming that the cone may be taken as
equivalent to a piston face or flat diaphragm which is only the case at low
frequencies). At the same time, however, the motional impedance also rises
rapidly, so that low frequency outpul is actually balanced against high
frequency sound output, although it is still possible to modify the design
of the loudspeaker to have accentuation’ or attenuation of the lower
frequencies should this be desirable. As the frequency rises and the cone
diameter—sound wavelength ratio rises, the radiation resistance eventually
becomes independent of frequency and the sound output becomes inversely
proportional to the square of the frequency, the output thus being theoreti-
cally reduced. In practice, however, this reduction in output at high
frequencies is prevented in large measure by the behaviour of the cone.
As the frequency rises, the cone behaves less and less like a flat diaphragm
until at the highest frequencies practically the only part of the cone and
voice coil radiating sound energy is the spider and the cone paper immediately
surrounding it. The general effect is that the cone diameter is reduced with
a rise in frequency, so that the mass is reduced and the sound energy
retained at a higher output than might be expected. At the same time, the
speaker gives a directional effect to high frequencies which are radiated from
the very centre of the cone, and whlist there is some drop in the sound
energy at the higher frequencies this is more apparent at the sides of the
speaker than directly in front of it.

The load presented by a dynamic loudspeaker to an output valve varies
very' considerably with frequency by reason of the fact that the load is an
impedance and not a pure resistance. Loudspeakers are rated for voice coil
impedance at a frequency of 400 cycles, and at this frequency the impedance
is usually at practlcally its lowest figsure. At the bass resonant frequency the
volce coil impedance rises to a value perhaps as much as six times the
impedance at 400 cycles, whilst at only two frequencies-is the voice coil load
resistlve, the load being inductive or capacitive at other frequencies, these
effects being illustrated in Figs. 4 and 5.

In the equivalent circuit of Fig. 3 no details of the power source are
shown, but in fact the behaviour of the loudspeaker depends to a consider-
able degree on the damping factor applied by the source to the voice coil.
The loudspeaker has a natural damping factor due to the air on the cone,
the stiffness of the spider and similar factors, but a further important source
of damping is the impedance of the source of power shunted across the voice
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!coil. The damping factor given to a speaker by the output stage into which
R1
it is connected is —— where R1 is the anode load resistance of the output

r|

valve and rp is thepvalve’s anode resistance, both of which values may be
found from valve lists or tables. The damping vwhen the impedance of the
voice coil rises is greater than that given when the impedance of the voice coil
is low, as at 400 cycles, so that for the great rise in impedance at the bass
resonant frequency the damping also rises in proportion. Damping is
especially important in the reproduction of transients, and since the damping
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F1c. 4.—Voice coil Impedance with frequency.

factor improves as the anode resistance of the output valve is reduced, the
highest damping factors are given by triodes. Output pentodes and beam
power tetrodes have very poor damping factors for the reason that the
anode resistances of these valves are high, the result being that an increase in
the power input to the voice coil occurs at the resonant frequency when the
sound output already tends to be higher than at other frequencies. The effect
may be combated by applying negative feedback to pentode and tetrode
output valves, this effectively reducing the anode resistance and improving
the damping factor. A poor damping factor gives the effect of what may be
termed ‘‘ hangover ’’ on transients—a transient is a sudden sound like a
drum-beat.

13

DN i sl LR, /



o
<

INDUCTIVE

\ _
/

/

(9
o
3

PHASE ANGLE

»

CAPACITIVE
-3
O,

([} $O 100 500 1000 5000 10000

FREQUENCY

Fi6. 5.—Impedance Characteristic with frequency.

The rise of damping with a rise of voice coil impedance is also of
importance in reducing what is known as selective distortion. If the resonant
frequency of the loudspeaker is 70 cycles, the voice coil impedance will rise
for a frequency of 35 cycles since the second harmonic of this frequency
falls at 70 cycles. Similarly, for a frequency of 23.3 cycles the voice coil
impedance will rise since the third harmonic of this frequency is 70 cycles,
whilst at frequencies above the middle audio frequencies—say, at above
1,000 cycles—the impedance of the voice coil will tend to rise higher for
harmonics than for fundamental frequencies.

The mechanical proportions of a loudspeaker are allied to the type of
output characteristic which is required. A large cone with a large voice coil
will give good output on the low frequencles, whilst high frequencies will
be best dealt with by a small cone and a light-weight voice coil. In some
cases, therefore, two loudspeakers are used to deal with the output frequency
range, the low frequency speaker sometimes being known as a ‘‘ woofer *’
and the high frequency speaker as a ‘‘ tweeter.”” The output arrangements
coupling the output stage to the speakers must be so made that only the
low frequencies are supplied to the woofer and only the high frequencies to
the tweeter, the cross-over point being of the order of 1,000 cycles.

Speakers have been made which combine the two functions in one
instrument, the whole voice coil and cone acting on low frequencies with a
subsidiary voice coil acting with the spider on high frequencies, but such
loudspeakers are not common.

The efficiency of an ordinary dymamic speaker is very low, since the
driving force given by the cone is very inefficiently coupled to the air. An
efficiency of 5 per cent., or even less, is normal.
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Horn Loudspeakers

The low efficiency of the moving coil, i.e., the dynamic loudspeaker,
whilst allowing it to be used successfully in the home, renders it unsatis-
factory for work at long distances or in the open air. At the same time the
poor coupling between the cone and the air which it drives means that a
dynamic speaker has a relatively low overloading point. Any loudspeaker
can be overloaded, and whilst the first consideration is perhaps the possi-
bility of damage to the moving elements—for example, the voice coil former
might ‘ bottom ”’ in the annular magnet gap and be buckled—overloading
also causes distortion before the moving parts are in danger of harm.
The moving coil, for example, might be swung out of a uniform magnetic
field into a region ‘where the field is not uniform, an effect more likely at
the bass or resonant frequencies, or a wide amplitude of swing might cause
non-linear action in the spider or other components.

A horn speaker overcomes the lack of efficiency of the cone, to some
extent, and by loading the speaker diaphragm more effectively allows greater
speaker drive.

13

A horn acts as a ‘‘sound wave transformer '—it transforms sound

energy at high pressure and slow velocity to low pressure and high velocity
.sound energy. A horn therefore increases the air loading on the speaker
cone, diaphragm or driving member, with the result that efficiency rises to
perhaps 50 per cent., a notable gain. The chief design factors of a horn
are the throat and mouth areas and the horn taper, the parts of a horn
loudspeaker being shown diagrammatically in Fig. 6. The horn shape most

expotential '’ horn, where the area of the horn

PLUG THROAT
Q 1 MOUTH
FIELD

WINDING

commonly used is the

DIAPHRAGM  OF
VOICE COIL

Fi16. 6.—The Horn Loudspeaker.

apérture at any point along the horn bears a direct relationship to the throat
area and the distance of the measured aperture from the throat. A horn
of finite length of this form of taper has a cut-off frequency below which
no sound is passed and above which all frequencies are passed without prefer-
ence, so that the lowest frequency to be dealt with must also be brought
into consideration. At the same time the mouth of the horn must be
sufficiently large to pass to the outer air the lowest frequencies without
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setting up beats or resonances in the enclosed air column, the mouth diameter
being preferably at least a quarter wavelength in size of the lowest fre-
quency sound wave.

The throat may be as large as the whole speaker diaphragm,-or a good
deal smaller, the loading on the diaphragm increasing, and the efficiency
increasing, as the throat area diminishes. With reduction in the throat
area, however, the horn length increases with consequent increases in losses
such as frictional losses, and generally the throat area-diaphragm area ratio
is a compromise to effect as high an efficiency as possible with as convenlent
a sized speaker as possible.

The high frequency limit of a horn loudspeaker is dependent, as in a
dynamic speaker, upon the mass of the moving parts, but with the added
complication that the distance from the diaphragm to the throat nfust be
substantially equal no matter from which part of the diaphragm the measure-
ment is taken, otherwise the sound waves from various points on the
diaphragm will cancel out, rather than add together in the throat. (The
greatest difficulty in path length must be below a half wavelength long of
the highest frequency to be used.) A plug is thus often used between the
diaphragm and throat to give equal path lengths, such a plug being shown
in Fig. 6.

Whilst a horn loudspeake; is directional, and is often used, as in the
open air, where the directional effect is advantageous, the directivity becomes
more apparent as the frequency rises. Accordingly, the mouths of some horn
speakers are fitted with vanes, which divide the mouth up into a series
of mouths, the vanes bending as the horn opening flares out fo direct the
higher frequencies over a wider area.

The majority of horn loudspeakers have moving elements which are
driven by moving coils, as in the dynamic loudspeaker.

Directional Baffles

Directional baffles are actually short horns which may be fitted to dynamic
speakers to give them an increase in efficiency and a directional character, as
when such speakers are used for theatre and cinema work. The throat, cor-
responding to the throat of a true horn speaker, is obtained by bolting a
plate over the speaker frame, the plate having a circular aperture rather
smaller in diameter than the speaker cone—one plate size used by a well-
known firm has a 6” aperture to cover an 8” cone. The pierced plate thus
acts as a throat with a small coupling chamber behind it, and a short horn
can in turn be bolted on to the plate to give directional output, greater
efficiency and a higher loading on the speaker cone.

The speaker used in this manner should be totally enclosed in a stout
case with a packing of sound absorbent material at the rear of the case.
At low frequencies when the case dimensions are appreciably smaller than
the length of the soundwaves the case then acts as a ** stiffening chamber,"’
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giving greater resistance through the enclosed air to the speaker tone and
voice coil. At the higher frequencies the sound absorbent material at the
rear of the case prevents the setting up of resonances within the case. An
absorbent such as heavy felt may be used. All sound absorbent materials
increase in absorbing efficiency as the frequency rises.

Little need be said concerning the magnetic speaker, the most popular
form of this type being shown sectionally in Fig. 7. The speaker cone is
attached via a rod coupling to a vibrating reed, which is mounted stiffly in
the field of a permanent magnet.” Speech or signal currents are passed
through a pair of coils which are mounted on the magnet poles, so that the

REED OR ARMATURE

——7'SIGNAL SOURCE
PIVOY
N
DAMPING £
T ADJUWSTING
SCREW

MAGNET

Fi1c. 7.—The Magnetic or Reed Loudspeaker.

field strength in and around the reed varies with the field set up by the coils,
the fields adding and subtracting as the current varies. With anything
more than a low amplitude of reed movement the characteristic of such a
speaker becomes non-linear—the effect can easily be observed by driving such
a loudspeaker from a good amplifier—and with the wide range of moving coil
speakers now obtainable (dynamic speakers for use even with peanut output
valves are now being made), there is little point in using the inefficient
magnetic speaker. Perhaps the one advantage of the reed or magnetic
speaker is that it requires no matching transformer, unlike the dynamic and
horn speakers, where the matching transformer is of vast iinportance and
must be well designed and made if the full benefit of a good loudspeaker
is to be obtained.

The matching transformer is dealt with in the following chapter.
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Chapter 3
FEEDING THE LOUDSPEAKER

The loudspeaker, whether it is of the dynamic or horn type, is coupled
to its receiver, amplifier or other supply source via a transformer, the output
transformer, and a perfect speaker used with a perfect supply source will
still give poor results if the coupling is not correct. Such a mass of
theory has been developed concerning the output transformer that a book of
this size and nature offers far too little space for a discussion on the be-
haviour of the output stage, transformer and speaker in fuli—this chapter
must be limited to the practical considerations arising from the theory.

All valves have optimum output loads, the loads into which they will
deliver the maximum possible power with the minimum possible distortion,
and in the case of output valves, it is the task of the transformer to make
the low impedance of the voice coil, measured at 400 cycles, to appear as
the optimum load. To one or two younger readers the idea of a transformer
as an impedance changing device, rather than as a voltage or current
-changing device, may be a new conception, so that a simple example may be
of help. Consider a step-down transformer with a primary to secondary
ratio of 10: 1, the primary being connected into a 200 volt 1 amp circuit.
From the secondary may be drawn 10 amps at 20 volts.

Using Ohm’s law and neglecting any phase shifts which may be present
—in other words, calculating for D.C. rather than A.C. for the sake of
simplicity—the apparent resistance of the input circuit is

R = V = 200 or 200 oLms.

I 1
The apparent resistance of the secondary circuit, however, must be

R = V*= 20 or 2 ohms.

r 10

In stepping down the voltage the transformer has also stepped down the
apparent circuit resistances; we may now say that the transformer is matching
a 2 ohm circuit into a 200 ohm circuit.

The step down ratio is 10: 1, but the ratio between the resistances is
100: 1. Further examples, if worked out, will confirm that this effect
is an actual law, and to discover the ratio between the windings of a trans-
former which is required to match two resistances (or, rather, impedances)
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it Is necessary only to take the square root of the ratio between the in-
pedances themselves. As a formula this becomes

Ratio = Imp. 1

Imp. 2

As an example, suppose that a loudspeaker whose voice coil impedance
is 3 ohms is to be matched into an output stage using a PX4 triode.
Reference to valve tables shows that the PX4 requires a load impedance
of 4,000 ¢hms, so that the transformer ratio may be calculated from

4,000
Ratio =

3

1,333
36.51

and the ratio between the windings is 36.5:1.

This form of the formula is the simplest which can be used and does not
take into account the various losses occurring in the transformer, nor even
the D.C. resistance of the transformer windings. So long as the resistance
is no more than 5 per cent., for either winding, of the impedance connected
with the winding, no serious error will arise, however, and since the windings
of any good transformer should be made with stout wire, the secondary
winding being of 18 or 16 S.W.G., the allowance of 5 per cent. shou'd
be ample.

The required ratio of the windings is only the first consideration. The
output transformer consists of windings on a laminated core, so that induct-
ance must enter into the picture, and the inductance of the primary has a
close connection with the bass response obtained whilst the high frequency
response improves with a reduction in the leakage inductance of the output
transformer. Increasing the primary inductance is possible, of course, by
increasing the number of turns of wire forming the primary winding, and
the leakage inductance is reduced in a good output transformer by winding
both the primary and secondary in a series of coils, sandwiching the secondary
coils between primary coils. There is little peint in dividing the primary
into more than eight parts, with the secondary in seven parts, since practi-
cally the full available benefit will then be obtained.

The primary inductance is also affected by the D.C. flowing in the
primary winding. It is well known that the inductance of a choke decreases
rapidly if D.C. as well as A.C. flows through the windings for the steady
magnetising effect of the direct current has the effect of decreasing the
permeability of the magnetic core. The trouble may be overcome to some
extent by leaving an air-gap at one point in the core, which means that
the laminations must all be stacked the same way with no overlapped joints.
Using E and | laminations and stacking them all the same way will result
in three gaps, a gap between each arm of the E and the I, and in such a
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case the laminations should be butted tightly together, for butt joints act
in the same way as air gaps in reducing the effect of D.C. in the windings.

The same effect is found in the output transformer and the core of a
transformer used for'a single ended—that is, a single valve—output stage
should be butt jointed or air gapped. In push-pull operation, however, the
D.C. flow from the H.T. line to the anodes of the two valves is divided
at the centre of the primary winding and the magnetising effect due to one-
balf of the winding is cancelled by that due to the other half, so that in this
case no butt joints or air gaps are necessary. A transformer used as a
universal component for either single ended or push-pull output stages
should be butt-jointed or gapped, of course. '

The minimum permissible inductance of the primary winding depends
on several factors, and may be obtained from the formula given below.

1
= W T e R +w
VJ

L=
WO R7ZSL S
\/(— —1) p2.R + s +
a2

where L is the inductance ot the primary winding in Henrys, w is 27f -~
with f as the lowest frequency to be transmitted (25 may be taken
as 6.28),

a is the ratio of the response at the lowest frequency to the response
at the highest frequency, expressed as a decimal,

R is the valve’s anode resistance (not load resistance),
s is the resistance of the transformer secondary,

v is the voice coil impedance, and

b is the ratio of the transformer expressed as a fraction.

It will be seen that the formula is not simple to apply. The term a,
for example, is difficult to evaluate. If we endeavour to make the response
at the lowest frequency equal to the response at the highest frequency a
becomes 1 and the first part of the equation becomes equal to infinity. The
fow frequency response, therefore, must be down on the high frequency
response for a practical transformer. It will, perhaps, be of greater value
to say that for the average triode valve the primary inductance of the trans-
former should not fall below, say, 10 Henrys at working conditions, whilst
for the average pentode or tetrode the primary Inductance should not fall
below 25 Henrys.

Remember that these figures are minimum figures, based on the pro-
vision of a fairly good response down to 50 cycles. The inductance of the
transformer primary winding can, with benefit, be made a good deal higher,
especially in the case of a transformer for matching into a triode valve. An
inductance of 100 Henrys would not be too high for coupling a pair of
output tetrodes to a loudspeaker. The required minimum inductance rises
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with a rise in the anode resistance, in the case of a triode, or the load resist-
ance in the case of pentodes and tetrodes.

The output transformer must also be capable of handling the full output
glven by the receiver or amplifier, the core and wire size having a bearing on
this as well as on the primary inductance. It appears to the writer that there
is little point in buildlng an output transformer when excellent components
are on the market at reasonable prices, at least where the required ratio is
one easily obtained. Messrs. Premier’s Universal output transformer, sold
in a range of types to suit various output powers, can be highly recommended,
as also can Messrs. Coulphone’s Extra Heavy Duty Universal output trans-
former.

The transformer ratio used to couple a loudspeaker into an output stage
should be as exact as possible, but if a ratio other than the exact ratio has
to be used, choose a ratio higher than the correct figure in order that the
load presented to the valve or valves is higher than normal. For example,
should a speaker require a transformer ration of 45: 1 for a certain applica-
tion, and the transformer in use has ratios of 40: 1 and 50: 1 the speaker
should be fed from the 50: 1 tapping.

So far we have dealt with a single loudspeaker coupled into the output
stage through the transformer, but it is often necessary to couple more than
one loudspeaker to the receiver or amplifier. Music for dancing, cinema
sound equipment, public address work, school or factory or office relays
all are examples of conditlons under which a number of speakers are to be
used together, and the problem of coupling all the speakers to the load will
naturally be affected by the speaker types involved and how they are to
be fed.

In the first place all the speakers may be of similar types and the avail-
able output might be divided equally amongst them. Alternatively, the
speakers might all be identically similar yet have different proportions of
the avallable output power—a speaker in a hall might, say, have 10 watts
out of a total of 12 watts output power, the other 2 watts being fed to a
small monitor speaker in a sound or relay room. Lastly, the speakers might
be of different types and have unequal distributions of ioad.

By similar types of speaker is meant, primarily, that the speakers all
have the same voice coil impedance which is the only factor affecting the
matching of speakeér to speaker, dissimilar types meaning that speakers with
different voice coil impedances are being used together. It is assumed that
each speaker can handle the proportion of the output power wlich is to be
fed to it.

When loudspeakers are used together all working from the one output
stage and all operating in one room, hall or location, the speakers must
be phased so that, in effect, the cones all move forwards and backwards
together. If the speakers are not phased, there will almost certainly be
queer distributions of sound and interference patterns. Loudspeakers used
in separate rooms, such as extension loudspeakers in t*e homme, do not need
to be phased, of course.
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Speakers are most easily phased by connecting a small battery across
the voice coil with the fingers resting ligi.tly on the cone. As the battery
Is connected the cone will move. Arrange the battery so that the cone of
each loudspeaker being phased moves outward, marking the voice coil leads
red and black or plus and minus to correspond with the battery polarity
which gives this effect. Then all the red voice coil leads must be connected
together and all the black voice coil leads must be connected together.

If separate transformers, one for each speaker, are used then the
phasing potential must be connected across the transformer primary leads,
and these coded instead of the voice coil leads.

Similar Loudspeakers With Equal Loads

To match similar speakers into an output stage when each speaker is to
have an equal proportion of the output power is a simple matter. In the
first place the voice coil impedances are treated, for calculations, as though
they were ordinary D.C. resistances, and they can be added in series or joined
in parallel to give a final total impedance by following the normal rules.
For example, three 15 ohm voice coil speakers connected in series would
give a final load impedance of 45 ohms, whilst the same three loudspeakers
connected In parallel would give a final load of 5 ohms.

Remember that resistances in parallel are added by the formula

1= 1 1 1
E = — + — etc.
R rl r2 r3

where R is the final resistance and rl, r2, r3, etc., are the resistances
which are connected in the network.

Whether the speakers are connected in series or parallel is a matter
to be decided purely by convenience and depends on the ratios obtainable
from the output transformer in use.

Presuming that the speakers were to be operated from an output stage
requiring a 10,000 ohm anode load, the transformer ratio required for the
three speakers in series would be

/10,000 p i
= /2222=149 : 1
45
whilst the ratio required for the three speake}s in parallel would be
/10,000
V——— = V2,000 = 44.7 : 1.
5

The loudspeakers will be connected in a manner which therefore must depend
on the output transformer. They will automatically share the available

~ output between them.
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Similar and Dissimilar Speakers with Unequal Loads

When the speakers are to share the available output in pre-arranged
proportions, a different method of approach is necessary. Each speaker may
have its own output transformer, or the speakers may be fed from separate
secondaries of a single output transformer, and the ratio of the windings in
either case determines how the power is fed to the loudspeakers, the voice
coil impedances in their turn affecting the ratios used.

To understand how the ratios may be calculated, imagine first of all an
output stage which requires an anode load of 10,000 ohms, and that the
output from this stage is to be split into 100 equal parts. One simple way
of spltting the output would be to use 100 anode resistances in parallel
when one-hundredth of the output would be dissipated in each resistance.
To obtain the correct anode loading it would be necessary only to apply the
rules for parallel connection, when it would immediately be found that each
resistance must be 10,000 x 100 ohms. The hundred resistances, each of
value 1 megohm, when connected in parallel would then have a total value
of 10,000 ohms, and since there are 100 resistances it is obvious that in
each resistance must be dissipated 1% of the whole output power.

Now suppose that it is no longer desired to obtain the output power
split up into 100 equal parts, but that three unequal parts are required, 50%
of the whole, 35% of the whole, and 159 of the whole. It Is only necessary
to group the resistances together, 50 in one group, 35 in the second group,
and 15 in the third group, when each group of resistances will be dissipating
the appropriate power.

A'ternatively, three resistances could be substituted for the groups of
resistances. The resistance to dissipate 50% of the power would have a
resistance equal, obviously, to the total resistance of fifty 1 megohm resis-
tances in parallel — that is, a resistance of 20,000 ohms. The second
resistance must be equal to thirty-five 1 megohm resistances in parallel, or
28,571.4 ohms, whilst the third resistance must be equal to fifteen 1
megohm resistances in parallel, or 66,666.6. ohms. These three resistances
in parallel will still equal 10,000 ohms, the required foad.

To summarise, the three resistances may be expressed as

100R 100R 100R
rl=——, r12=—, and r3 = ——
50 35 15
where R ts the required final anode load, in this imaginary case 10,000
ohms. However the load is split, the various proportions must, of course,
add up to the full load of 100%.

Now, using separate transformers to drive the various loudspeakers
which are to be supplied from the output stage, let us suppose that three
loudspeakers, each of voice coil impedance 3 ohms, are to have the above
proportions of the available output from the stage supplied to them. The
primary windings of the loudspeaker transformers must present a total load
of 10,000 ohms to the stage. and the equations given above will still refer
to them. The transformer ratios, therefore, may be calculated in the usual
manner by using the above formulae adapted to the new purpose, and the
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ratio of the transformer which is supplying 50% of the whole:output power
to the first loudspeaker will be

/100R
50 x V
where V is the voice coil impedance. Thus
/100 x 10,000
50 x 3
= 1/6,666.6
so that the ratlo of this transformer is 81.65 : 1.

The ratio of the transformer supplying 35% of the output to the second
loudspeaker is, similarly,

/100 x 10,000
35 x 3
= v’é,’523.8

Ratio = Vv

Ratio

Ratio = vV

$o that the ratio of this transférimer is 97.59 : 1.

Finally, the ratio of the third transformer which is to supply the third
loudspeaker with 159% of the available output is

/100 x 10,000
¥ 9.5 %
= 1/22,222.2

so that the ratio of this transformer is 149 : 1.

Naturally, the same method still works when the voice coil impedancés
of the loudspeakers are dissimilar, and the method can be used to solve
a problem such as:—

A Pen 45 output tetrode gives an output of 4.5 watts into an optimum
anode load of 5,200 ohms. What will be the transformer ratios required
to supply 4 watts to a 15 ohm speaker, the other 0.5 watt being supplied
to a 3 ohm speaker?

Using the same equations as before, the ratio of the transformer used

with the 15 ohm speaker will be
/100 x 5,200

88.8 x 15
{since 4 watts in a total of 4.5 watts is 88.8%)

= 1/390.3 or a ratio of 19.75 : 1.

The ratio of the transformer supplying the 3 ohm speaker will be
/100 x 5,200

11 1220 ¢l !
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taking 11.2 as the remaining percentage of power to be passed to the 3 ohm
speaker. Therefore

Ratio = 1/15,476.1 or a ratio of 124.4.

The Pen 45 output stage will be correctly loaded when these two trans-
formers have their primary windings connected in parallel in. the anode line
of the valve.

However many speakers are used, whatever valve or pair of valves is
used, and however the output power available is split up, the optimum
anode load of the stage must remain at a given figure. Instead of using
a separate transformer for each loudspeaker, therefore, a single transformer
with one primary winding can be used, the secondaries being calculated to
give the required percentages of output power into the different (Qr similar)
voice coil impedances. Exactly the same working is used, the only difference
being that the varlous ratios obtained all refer to one common primary.
Thus, in the last example, a single transformer with two secondaries, one
having a ratio of 19.75 : 1 and the other having a ratio of 124.4 : 1 to
the primary would give the same correct matching of the two speakers and
the same distribution of output power.

Such a transformer must of necessity have very close coupling between
the primary and all the secondaries, and the secondary windings must be
suitable for their particular powers; but, even so, a good commercial trans-
former, having the correct winding ratlos, will give perfectly satisfactory
results. It is this type of output transformer, however, which might require
home or workshop construction since the necessary ratios are often un-
common.

Probably the best form of construction Is to use the core of an old mains
transformer, thus obtaining a large winding window and plenty of iron in the
output transformer. The primary winding is then split up into as many
sectlons as there are secondaries, plus one—that is, for three secondaries
the primary would be split into four equal parts, for four secondaries the
primary would be split into five equal parts, etc.—and the secondaries are
then wound between the primary sections, using on all windings as heavy
a gauge of wire as the availlable space will allow.

It is difficult to give winding details, wire gauge details and the like,
since these factors will all depend on the number of secondaries and the
output power to be handled, and the constructor will have to determine
such details for himself to suit his own case. (See Appendix B.)

Volume Control

When a single loudspeaker is in use the volume is controlled auto-
matically from the receiver or amplifier which is feeding the speaker, but
when a chain of speakers, or a main speaker and a monitor, are coupled
together it may be desirable or necessary to have individual control over
loudspeaker volume.
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A chain of loudspeakers will be connected in one of the ways shown in
Fig. 8. All the voice coils can be in series, or all the voice coils can be in
parallel, or all the speakers can have their own output transformers, the
transformer primary windings all being in parallel; or, finally, all the voice
coils can be supplied from separate secondaries on one output transformer.
In any case, the obvious control point is in the low impedance voice coil
clrcuit.

Control could be easily effected by placing in series with the voice coil

to be controlled a low resistance rheostat—say, of 10 ohms resistance for
use with a 3 ohms voice coils It is perfectly clear, however, that as the

rheostat arm is advanced the voice coil circuit suffers & rise in resistance

and immediately all the trouble which has been taken over the matching of

the circuit agd the correct loading of the oufput stage is wasted. A method
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DISSIMILAR SPEAKERS
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Fi1c. 8. —Loudspeaker Chains.
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must be found whereby the power to the controlled voice coil is attenuated
without any change in circuit resistance or impedance, and whilst a trans-
former can be made to perform the operation through a series of tapping
peints, it is easier to obtain or construct an “ L Pad '’ control.

This type of individual volume control is shown in Fig. 9, and it can
be seen that advancing the control causes two arms to advance along two
resistances. The impedance, looking into the circuit, remains constant, but
progressively more and more power is wasted in the L pad than is passed
into the voice coil until, with the moving arm at the bottom of its travel, all
the supplied power is being dissipated in one arm of the pad. Each resis

o -
-9

LOW IMPEDANCE LINE

]
Y

Fi1G. 9.—The “ L. Pad "’ Attenuator.

tance winding, therefore, must be able to deal with the maximum power
the voice coil circuit will be called upon to handle.

The two resistances, unfortunately, must be tapered to give a constant
input impedance, the degree of tapering being shown by the following speci- |
men figures. These represent the resistances of R1 and R2 of Fig. 9, which
will give input and output impedances over the pad of 15 ohms to suit a
15 ohms voice coll, taken at intervals of 6 dbs. attenuation.

dbs. Down. R1. R2.
6 dbs. 7.5 ohms. 15 ohms.
12155 10.75 ,, 6.9 ,, ¢
T8 1250 T s DI RN
2487 142 .., 1=0% -5

It will be seen in each case that the maximum resistance required is
equal to the voice coil impedance, 15 ohms, but that a correct match cannot-
be obtained by ganging two 15 ohm rheostats together since then R1 would
be at zero when R2 is set at 15 ohms, whereas R1 actually requires to be
at 7.5 ohms. The degree of mismatch would become far more tolerable at
lower settings—that is, for greater reductions of volume—and if a proper
pad cannot be obtained, two rheostats could be ganged together in opposition
in this way and would give better control with much better matching than
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a strafghtforward rheostat in series with the voice coil. Even better matching.
would be obtained if the volume were reduced in steps, using a two-pole
switch, and below is given a table of resistances which can be used to build
up such a stepped pad, the steps of attenuation being in units of 3 decibels
over 9 steps, the first step, of course, giving no attenuation.

NOTE PARTICULARLY.—The resistances given are for use with a 2 ohms
voice coil. For use with other voice coil impedances, multiply by the appro-
priate factor each resistance; thus, for a 3 ohms voice coil multiply each
resistance by 1.5, for an 8 ohms voice coil multiply each resistance by 4,
for a 15 ohms voice coil multiply by 7.5, and so on.

For Impedance of 2 Ohms.

dbs. Down. Group 1. Group 2.
3 dbs. a. 0.6 ohms. i. 2.6 ohms.
6 , b. 04 i- 0.9
9, C 0. 2B k. 0.43 ,,
12 5 odF = 0200 1. 0.24 ,,
165 5 e. 0.16 ,, m. 0.14 ,,
18 ,, f. 0.07 ,, |y (00 S
200y g. 0.09 ,, o. 002 ,,
24 ,, h. 0.08 ,, p. 0.17

L3 ””

The arrangement of these resistances around their two group switches
fs shown in Fig. 10. The switches, of course, are ganged together, the
switch positions giving attenuations as per the table, with O dbs. attenua-
tion at position 1. !

With an attenuator of this type fitted to each speaker in a chain, the
control being mounted on the speaker baffle or in a suitable place near the
speaker, every speaker in a large chain could be reduced to very low volume
simultaneously without any change in the loading presented to the amplifier
output stage. At the same time, this attenuator is not perfect for every
purpose. It suffers from the defect that the input to the voice coil is halved
with the attenuator switch arms on the second contact at the three decibels
position (halving the power is equivalent to a 3 dbs. drop), and whilst the
attenuator would be excellent for recording and other similar uses, a simpler
¢lrcuit might prove of greater value to some workers.

This simpler attenuator is shown in Fig. 11, and is based on the circuit
of Fig. 10. In this case, however, the greatest attenuation is 6 dbs.
obtained in 4 steps from 0 dbs.—that is, the switch is a two-pole four-way
switch giving 0, 2, 4, 6 dbs. attenuation. In terms of power to the voice
coil this corresponds roughly with full power, 77% of full power, 40% of
full power, and 25% of full power. Once again the resistance values are
given for a 2 ohms voice coil, and must be multiplied by the appropriate
factors for use with volce coils of other impedances.

For Impedance of 2 Ohms. Fig. 11.

dbs. Down. Group 1. Group 2.
2 dbs. a. 0.43 ohms, d. 3.8 ohms.
4, b. 0.31 , CRINA |
Gy c. 0.26 ,, 2.0 ..,
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F16. 10.—A practical “ L Pad " attenuator, 0-24dbs.

- .

In either attenuator the resistances should Ideally be non-inductive, and
since the resistances vill have to be made vp using a W eatstone's bridge
for anything like accuracy, they can be wound'in biilar fasalon. It will be
seen that making the resistances for a high impedance voice col] attenuator
is simpler than for a low impedance voice coil, since then the individual
resistance values will be higher; but, given a bridge, all the resistances can
be made from ordinary Manganin or Constantan using, say, 18 S.W.G. wire,
without too much trouble. 1
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LOW IMPEDANCE LINE

GROUP 1

GROUP 2

f

F1G. 11.—Simplified ““ L ** Attenuator.

The keen experimenter could wind a double rheostat on the base of an
old potentiometer with a double moving arm, calculating the desirable
tapering of each resistance element from the attenuator tables and thus
obtaining stepless volume control, but the preservation of the correct input
impedance would be difficult.

When choosing or making the attenuator, it must always be remembered
that a 509 reduction in input power to the voice coil of a loudspeaker does
not necessarily mean a 50% reduction in sound as judged by the ear. The
drop in sound output will be appreciable, but will not appear as great as
might be expected. A 6 dbs. reduction will be as much as is required for
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praiftically all purposes, however, unless fine graduations of output right
down to silence are required. The larger attenuator of Fig. 10 will then
be useful.

Loudspeaker Lines

So far the arrangements of a number of loudspeakers connected to a
single output stage have been considered, and it is now time to pay attention
to the connecting lines themselves. As with any other transmission of power
by lines, the use of a pair of wires to carry power to distant loudspeakérs
means sustaining a loss along the line, the loss being related both to power
and to freguency.

Lines carrying audio power may be known either as ‘‘ low ’’ or *‘ high ”’
impedance lines, but these terms must not be confused with the characteristic
impedances of lines or feeders working at radio frequencies where the line
itself has an impedance. The impedance of audio lines refers to the imped-
ance into which the line is feeding—a 15 ohms line, for example, would be
a line connected into a 15 ohms voice coil—and the terms °‘ low ” and
‘“ high ”’ impedance are rather elastic. In general, lines feeding into imped-
ances below, say, 50 ohms are termed low impedance lines; lines feeding
into impedances above 50 ohms up to about 500 ohms are termed high
impedance lines.

The lines shown in Figs. 9, 10 and 11 are therefore low impedance or
voice coil lines.

Line losses are greatest when the terminating Impedance is low, since
then the line has to carry a relatively heavy current. To avoid this, when
a long line is to be used it is general practice to make the line impedance
of the order of 200 to 500 ohms. This entails using two transformers, one
at the output stage to match, say, a 200 ohms line into the optimum anode
load, with a further transformer matching the 200 ohms line into the voice
coil impedance at the far end. The transformers themselves introduce losses
since transformer efficiency will probably not be above 859, so that the line
loss must be reduced to as small a value as possible.

For a low impedance line, or a line where only one transformer is used,
a tolerable line loss is 15%. Where two transformers are used, one at either

“ end of the line, the line loss should be reduced to 5%.

The power loss in a line is obviously due to the line’s own impedance
which dissipates a proportion of the energy carried by the line. At the same
time, however, the line has capacitance and this results in a disproportionate
loss of the higher frequencies. A low impedance or voice coil line has the
advantage of reducing the capacitive loss to a very small figure whilst in-
creasing the power loss (unless very heavy conductors are used), whilst with
the high impedance line the power losses fall as the capacitive losses rise.

For a two-wire line of 20 S.W.G. copper wire, the wires being run
together, the maximum length of line to be used at voice coil impedances
is shown by the table below, where the line length appears beneath the
appropriate voice coi! impedance. .

Impedance (ohms) 2 4 6 8 10 15 30 50
Line length (feet) 25 48 70 100 120 180 375 590
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Thus, not more than 25 feet of line should be used to couple a 2 ohms
voice coil to its output transformer secondary winding, given that the output
transformer Is situated at the amplifier, although 180 feet of line would give
only the same losses using a 15 ohms voice coil speaker coupled to a con{ect
15 ohms secondary on the output transformer:

The line length may be increased by increasing the wire size. As a rough
guide the line may be half as long again if 18 S.W.G. copper wire is used,
or slightly more than twice as long if 16 S.W.G. copper wire is used.

When 20 S.W.G. copper wire is used for a high impedance line, the
maximum frequency to be transmitted must be allowed for in the calcula-
tions. Allowing for a frequency of 10,000 cycles, however, the maximum
line length for a 100 ohms line is about 1,200 feet; for a 200 ohms line,
2,000 feet; for a 300 ohms line, 1,000 feet; for a 400 ohms line, 700
feet; and for a 500 ohms line, 600 feet. It is not often that loudspeakers
must be separated from their amplifier by distances greater than these and,
indeed, in the majority of cases the permissible lengths of line to work at
voice coil impedances will be quite sufficiently long. All these figures relate,
of ‘course, to the maximum line length for tolerable losses—the losses will
be correspondingly less if shorter lines are used.

To match a line of, say, 200 ohms impedance into an output stage, the
line is treated just as if it were a voice coil of 200 ohms impedance, whether
the transformer is to be used for this one line alone or whether the line is
being fed along with a number of other speakers. The formulz already given
apply to such a line just as they do to voice coil impedances. To match the
line at its far end to a speaker once again the ordinary ratio equation is
used. As a last example, suppose that a 2 ohm speaker is to be supplied
from a PX4 valve whose optimum output load is 4,000 ohms. The speaker
is required to be at a distance of 750 feet from the amplifier.

From the details given above, a 200 ohm line of 20 S.W.G. will
be satisfactory over this distance, allowance having already been made for
transformer losses at either end. The circuit Is as shown in Fig. 12, and
the ratio of the first transformer coupling the line with the output stage,
transformer T1, is

Rati / 4,000
atio = /———
v 200

= \/2—0— so that the ratio of T1 is 4.47.

At the far end of the line T2 is coupling the 200 ohms line to the
2 ohms voice coll. The ratio of T2 is therefore

/ 200

Ratio = Vv

= \/1-06 so that the ratio of T2 is 10 : 1.
1t is of interest to examine the losses over the whole system, presuming
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ransformer efficiencies of 809% with a line loss of 5%. The PX4 will supply
.5 watts to a properly matched load, so that to the line will be supplied

80
3.5 X —— watts, or 2.8 watts.
100

Quite a large drop is caused by the first transformer. The line will reduce
this further to 2.66 watts, and the second transformer, also with an efficiency

80
of 80%, will supply 2.66 X H) or 2.13 watts to the loudspeaker

T1. . 4000n 1200 a T2. 200a:2a

i e

Fi1G. 12.—Simple Line and Two Transformer Circuit.

This example, of course, uses an arrangement—a single output valve,
a single loudspeaker and a long line—which would hardly ever be used, but
it illustrates the calculation of losses. Where long lines are being used the
installation is generally a fixture, and the power required for the loudspeakers
would first be decided, the losses then calculated, and finally the amplifier
designed to have a power output which would provide a margin of safety.

Woofer-Tweeter Crass-over Circuits

Finally, under the heading of  feeding the loudspeaker,” it is necessary
to investigate the type of circuit which is used when a bass and a treble
speaker are working together. In the first place, the two speakers must be
mounted close to each other so that all the sound appears to come from one
point. The cross-over frequency must be decided, the point where, as the
frequency rises, the tweeter takes over from the woofer, and the circuit to
divide the frequencies must be designed.

The cross-over frequency depends on the speaker characteristics, but
providing that the woofer response is good up to about 1,500 cycles it is
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wise fo make the cross-over frequency in the region of 1,000 cycles. Most
orchestral music has the greatest power peaks below about 600 cycles, and
it is desirable that the woofer should handle these power peaks especia]lyl
when the tweeter is a very small speaker. A typical woofer-tweeter com/
bination wou'd be a 12” speaker as the woofer with a 3” or 5” tweeter,
Crystal speakers act well as tweeters, but then the problem of matching one
speaker to the other and to the output stage becomes involved, and the
figures given below are based on the assumption that the two speakers used
have equal voice coil impedances.

The cross-over filter used for the calculations is shown in Fig. 13,
and it will be seen that the real purpose of the filter is to act in one section
as a bass attenuator and in the other section as a treble attenuaior. Other
circuits are available, but this filter is both simple and effective.

INPUT L _I_

TC2 WO OFER
\lh—ll -
C1
L2 TWEETER

Fic. 13.—Basic Crossover Filter.

The filter can be used in either of two ways—either between the output
transformer and the voice colls of the two loudspeakers, when the terminating
impedance is low, or between the output stage and the two loudspeakér
transformers. In this case it is wise to connect the filter network to the
output stage through a 1 : 1 transformer when the filter will be terminated
by a high impedance equal to the optimum load impedance of the output
stage which is being used.

The two methods of connection are shown in Figs. 14 and 15.

It would appear at first sight that the most economical way of using
the filter would be to include it in the low impedance side of the output
transformer, as in Fig. 14. Only one output transformer is then necessary,
whilst using the circuit of Fig. 15 means that 3 transformers must be used,
with losses at each transformer.

In fact, however, the circuit rapidly becomes impractical as the termi-
nating impedance is reduced. Using the circuit of Fig. 14 and feeding into
voice coils of 3 ohms impedance, Cl requires a capacitance of 33 mfds.,
with C2 requiring a capacitance of 54 mfds. These high capacitances are
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\ reduced by increasing the terminating impedance, so that when voice coils
of 35 ohms impedance are used for the woofer and tweeter, the capacitances
become of the ordexs of 6 and 10 mfds.

T

ANQDELOAD [ 00000 ™ WOOFER
V.C.IMPEDANCE L
—L .l_ c?

| — ] TWEETER
C1 zo
? L2 ,

FiG. 14.—Filter with Low Terminating Impedances.

T ANODE LOAD
V.C.IMPEDANCE
T2
1 TRANS-
FORMER
WOOFER
ANODE LOAD

V.C.IMPEDANCE
= T3
c1 é |
? l TWEETER

Fi16. 15.—Filter with High Terminating Impedances:

It is suggested, therefore, that the arrangement shown in Fig. 14 be
used only for speakers whose voice coll impedances are 15 ohms. A 15 ohm
to optimum anode load transiormer is then used for T1 and the filter values
are

L1, 3.8 millihenrys.
L2, 2.38 millihenrys.
(&1, 6.6 mfds.

(€L 10.5 mfds.

35



/

Should it be desired to usé the circuit of Fig. 14 with other voice coll/
impedances, however, the new values of the filter components may be found
as follows. For a reduction in voice coil impedance, divide the inductances
and multiply the capacitances by the reduction factor. Thus, to find th;e
values ‘necessary for 3 ohms voice coils, the reduction factor is 5
(15 + 5 = 3), so that the inductances for 3 ohms voice coils become

L1, 0.76 millihenrys (760 microkenrys).
L2, 0.476 millihenrys (476 microhenrys).
C1, 33 mfds.

C2; 52.5 mfds.

The method is not quite exact, but gives results quite sufficiently
accurate. If voice coils with impedances higher than 15 ohms are to be
operated from the filter, the process is reversed, the inductances being
multiplied and the capacitances being divided by the Increase factor. Thus,
for 30 ohms voice coils the filter component values would become .

L1, 7.6 millihenrys.
L2, 4.76 millihenrys.
Cl1, 3.3 mfds.
C2, 5.25 mfds.

since the increase factor clearly is 2.

When the circuit of Fig. 15 is used the circuit becomes simpler to
construct since the inductances are higher, and of values more easily obtain-
able in iron-cored choke ranges, whilst the capacitances become fractional
parts of mfds. The filter would work without the 1 : 1 isolating trans-
former, but in any case it is desirable to keep the anode current to the
output stage out of the filter and the transformer provides for this, whilst
with a push-pull output stage the filter would need the provision of a centre-
tap were not the 1 : 1 transformer in circuit.

The filter therefore works with terminating impedances of the same
value as the optimium load impedance, which will be of the order of some
thousands of ohms. Accordingly, the filter component values for a termi-
nating impedance of 1,000 ohms are given, and can be corrected within
tolerance limits for any higher impedance.

For working into 1,000 ohms the filter values are

140, 250 millihenrys.
L2, 160 millihenrys.
C1, 0.1 mfd.

C2, 0.16 mfd.

For higher impedances, multiply the inductance and divide the capaci-
tance by the impedance increase factor. Thus, to use the filter with a PX4
valve using the circuit of Fig. 15, the increase factor is 4, since the PX4
requires to work into a load of 4,000 ohms. T1 thus becomes a 1 : 1
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transformer to handle 5 watts, T2 and T3 match the voice coll impedances
used into 4,000 ohms (the tweeter transformer can be a midget type with-
out introducing losses since no D.C. is flowing in its primary), and the filter
values become

L1, 1,000 millihenrys (1 Henry).
323 640 millihenrys.

Cil, 0.025 mfd.

CZ 0.04 mfd.

It is also possible to use this type of filter before the output stage.of an
amplifier, feeding from the filter into two ouput stages, one of which handles
the low and the other the high frequencies, so that each output stage can
have its own volume control. Taking the required input impedance to the
following valves as the terminating impedance, the filter component values
can then be calculated by multiplying and dividing the 1,000 ohms values
by the correct factor.

Since the bass or low frequencies have individual treatment when this
filter is used, the output stage should always have as high a damping factor
as possible. 3

Chapter 4
MOUNTING THE LOUDSPEAKER

In the majority of table radio receivers the cabinet cannot afford a good
speaker mounting by its very nature. It is full of equipment, much of which
{s metal, and may resonate undesirably and which may, with age, start to
‘ tizz ’—a term which requires no explanation—whilst the cabinet material
itself may be thin wood or plastic, neither of which provides a good baffle
material.

It has already been said that the chief function of the speaker baffle,
which may either take the form of a flat baffle board or a box baflle, is to
prevent the out-of-phase low frequencies from the rear of the cone mingling
and interfering with the in-phase or wanted low frequencies from the front
of the cone. Naturally, if the low frequencies from the cone’s rear could be
added, in phase, with those from the front of ‘the cone, the bass output of
the speaker would be enhanced. Some various methods for providing such
an effect have been devised.

Theoretically, the flat baffle board should have a diameter or width of
half a wavelength at the lowest frequency required, the baffle, moreover,
having an irregular shape to prevent the chance of interference between in
and out of phase waves at any point in the frequency range.

The wavelength corresponding to a frequency is easily calculated since
the velocity of the wave is equal to the product of the frequency and the
wavelength, The velocity of sound in air is approximately 1,130 feet per
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second, so that if V=f.L, where f is the frequency and L the wavelength

of a sound,
A"
L e e—
f
The wavelength of a sound whose fundamental frequency is 50 cycles
{s therefore

1130
L=——= 226 feet,
50

so that a suitable baffle for this frequency is 11 feet in diameter. In practice,
of course, it would be difficult to provide and mount such a size of baffle.

It is easier to prevent the mingling of the out-of-phase high frequencies
from the rear of the cone with the high frequencies from the front of the
cone since the unwanted high frequencies at the rear of the speaker are
more easily absorbed than are the low frequencies, whilst the high frequencies
originating at the front of the speaker are far more directive than the low
frequencies. At the same time, it must always be remembered that it is as
important that high frequencies from the cone’s rear do not mix with those
from the front of the cone as it is for the low frequencies.

The speaker baffle, then, in its most beneficial form, can have three main
functions :—

(1) To prevent out-of-phase sound from the cone’s rear mixing with the

sound from the front of the cone;

(2). To lead the low frequencies to the front of the baffle in such a way

that they will add, in phase, with the low frequencies from the front
of the cone; and

(3) To absorb the high frequency sounds from the rear of the cone.

The flat baffle will perform the first of these tasks well or indifferently
well according to its size, and the better the performance of the baffle is in
task 1 the less will be the importance of task 3. A straightforward box
baffle of adequate size will perform tasks 1 and 3 well and do nothing at
all about task 2. The cutting of an opening below the speaker aperture in
a box baffle will, however, convert the box baffie into a bass reflex cabinet,
and all three tasks will be performed.

A bass reflex cabinet must reflect the rear of the cone low frequencies
out through the port to add with the existing low frequencies, whilst the
high frequencies from the rear of the cone are absorbed in 2®pad of material
behind the loudspeaker. Thus, the cabinet really requires to be Individually
designed for the speaker and conditions under which it is to be used, but
the details given below will serve for the majority of cases.

The bass reflex cabinet must be built of heavy wood, preferably an inch
In thickness and certainly not below a half-inch thick. Five or seven-ply
wood can be used with good results. The cabinet must be clear inside with

no other equipment mounted within apart from the loudspeaker itself, and °

the loudspeaker should be mounted first on a pad of fibrous material such
as building board which is then mourited on the cabinet front wall.
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Behind and in line with the speaker there should be glued right across
the rear of the cabinet a strip of heavy felt to act as the high frequency
absorbent. Below the speaker opening is cut the bass frequency port.

The bass reflex cabinet is shown in section in Fig. 16, and suitable
dimensions are as follows, the measurements being for 1”7 wood taken
externally :—

Speaker
diam. a b c d e f g h i
6” 18} 8 5 31 3 33 81 7 15
8” 22 10 7 4 340" 33 93 9 18
10~ 26 12 9 43 A 4 11 11 20
12~ 31 14 11 54 4% 5 12 12 22
15~ 33 17 14 6 5 4 13 14 25

(All measurements in inches.)

The largest bass reflex cabinet could also be used for a really compre-
hensive woofer-tweeter combination, using elther a large 12” or 15” woofer
speaker or two 8” woofers mounted side by side. The tweeters are then
meunted in the top of the cabinet, a slotted port being cut for them, at

FIBRE BOARD
/

(" - /

o B }
1)
J

!

€ PORT
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N -
= AN - =" o
G 1

Fic. 16.—The Bass Reflex Cabinet.
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least four tweeters mounted along a semi - circle behind the tweeter
port being used to counteract the directional effect. For ease of matching
into the cross-over filter the tweeters could be increased to five in number
when five 15 ohms voice coils in parallel to give a final impedance of 3 ohms
could be balanced against a 3 ohms woofer.

If the bass reflex cabinets with sizes as above for various speaker
diameters are used without the reflex ports they become straightforward box
baffles, and can give quite good results when heavy wood is used for their
construction. A layer of felt all over the inside of the box baffle is of assis-
tance in absorption of the high frequencies.

The ordinary thin wood cabinet, such as is fitted to an extension speaker,
can often be improved by a considerable degree by the addition of damping
material. Rectangles of felt or fibrous building board may be cut to fit inside
the speaker cabinet, the felt or board having its centre cut away to give
a widening conical aperture behind the speaker, shown sectionally in Fig. 17.
This will absorb the high frequencies from the rear of the cone to a good

Fic. 17.—Improving the Cabinet Loudspeaker.
[ 4

degree and direct the out-of-phase bass frequencies to the rear of the
speaker and cabinet.

A further method of obtaining the effect of large baffle area is to enclose
the rear of a loudspeaker and provide a path to the open air for the sound
waves from the rear of the cone through an acoustical labyrinth. The method
{s now not often used and the construction of the labyrinth, although a
simple matter, consumes both time and material. The labyrinth may be
arranged in several ways, and has the effect of passing the low frequencies
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whilst absorbing % a considetable extent the high frequencles. One possible
arrangemant of the labyrir¢h is shown sectionally in Fig. 18.

Frc. 18.—The Basic Acoustic Labyrinth.

Horn Loudspeakers

It is not often that an exponential horn must be made in the home work-
shop, but provided that a horn of square cross-section is used, the sides of
the horn can be designed for shape and cut from sheet metal using some
rather complicated formule. The derivation of the equations is not shown
since this would entail an excursion into calculus for which there is neither
need nor space. Some values must be taken for granted, such as the flare
constant of the horn. The formulz are used to give points to which a tem-
plate can be drawn and cut, the four sides of the horn then being cut to the
template and assembled.

A typical template is shown in Fig. 19, and the shape is obtaired "by
taking -a series of points along the X, X axis and finding the distance of the
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Fic. 19.—The Exponential Horn Template.

points Y, Y, Y, Y, Y”, Y”, etc., from the axis. ‘A curve is thus obtained
by connecting the Y points, this curve forming the shape of the horn.

Since the side of the horn follows a curve the overall length of the horn
will be shorter than the true length of the side, this point being illustrated
in Fig. 19. The design data therefore must also give the uncurved length
of the template which, when curved, will give the correct horn length.

To commence the calculations, it is necessary to know the area of the
throat of the driving unit, A (square inches), the desired overall length of the
horn (i.e., the axial length) x, in inches, and B, the flare constant of the
horn. The cut-off frequency of the horn is connected with B, and it may
be said that frequencies below 4,000B have a falling-off characteristic.
B therefore depends on the lowest frequency to be transmitted.

As an example, the reader.may follow the working to give template
points for a horn 40 inches in axial length where the throat area of the
driving unit is 49 square inches and B is chosen to be 0.05.
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"The distance at any point along the axis between the axjs and the side
of the horn is given by the equation

.

Y = kebx
Ve B
where k = ——, b = —, e = 2.718, and x = distance in inches.
2 2 >
: V49
Therefore k = = 3.5 and b = 0.025.

2

Finding first the width of the mouth of the horn, and remembering that the
equation gives only the half width, so that the anewer must be doubled for
the full width, we have

Y = 3.5 X 2.718 0.025x 40
which is. simply evaluated by the use of logarithms. To obtain the value
of 2.7180.025 x40 multiply the common log. of 2.718 by 0.025 x 40_that is,
by 1.0. In other cases, of course, the power will not be so obliging!
Evaluating by logs, then, we have

Y = antilog,, 0 + . 5441

+ 0 +.4343

0+ .9784
- and Y = 9.514. Double this figure for the full mouth width, and
the width of the horn at its mouth becomes

19.03 inches. >

The full width of the horn at the throat is, presumably, 7 inches since the
throat area is 49 square inches. We thus have the width of the template
at its two extremities.

We now have to find out how long the flat template must be to give
a horn length of 40 inches when the template is bent into the true curve
of the horn. The equation in this case is derived through the use of calculus
and, in as simple a form as possible, i» still rather involved. The template
length Lt for an axial length of 40” is given by

(M—1) (m—1)
( )]—— [m+1 1513 log, ( (m+1))J

M+1)

1
Lt = b lM+l.1513 log,

where M = \/?l + b k2 esz)
and m = /T + b k)
and b, k, e, have their values as before and x is the axial length of the horn,
in this instance the full length of 40 inches.
Evaluating M ‘and m we find that

M = 1.028 and

m = 1.004, so that these values may be substituted into the main
equation. If this is then evaluated, however, it will be found that with the
present values of b, k, M and m the answer is very slightly below 40 inches,
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whlch Is obviously incorrect—in other words, the necessary simplifications in
the derivation of the equation have introduced working errors which, for
a short horn with a small flare are greater than the corrected length of the
template. Experimental measuring of the required template shows that the
extra length necessary to allow for curvature is of the order of 1“, and if the
template length were made the axial length, the error, in this case, would
be negligible. .

For longer horns, or for horns with a greater flare constant or where
the horn was larger by virtue of the fact that the throat area was larger,
Lt would be calculated as a larger figure than the axial length.

For each point down the curving side of the template, therefore, two cal-
culations must be made, the first for Y, showing the distance between the axis
and the horn side, and the second for Lt. In the present case we may take Lt
as being equal to the axial length x of 40 inches, and so it would be
sufficient to work out the points for the value of Y when x = 40, 35, 30,
25, and so on. In a horn where Lt is longer than x, a new Lt would also
be worked out for each Y point so that the Y value could be put not at its
nominal place on the template but at the place indicated by Lt, a fraction
of the horn length further from the end of the horn.

Chapter 5
THE LOUDSPEAKER IN USE

With the loudspeaker matched into its receiver or amplifier and mounted
on a baffle 'or in a suitable cabinet to the best advantage, ‘it is time for
a word on the loudspeaker in use in the home and also in halls and the
open air. We have already seen that the loudspeaker can transmit sound
in two ways — either non-directionally, the manner mostly required, or
directionally.

The loudspeaker sends sound into space; and the limits and bounds of
that space have a great effect on the sound quality as heard by the ear.
Apart from the nature of sound itself, a fundamental frequency accompanied
by harmonics or overtones and, on occasion, by subjective frequencies intro-
duced by the observing ear, the quality of sound depends to a great extent
on the room or hall or space in which the sound originates. An orchestra in
a - felt-lined hall would appear dead and uninteresting—reverberation plays
a great part in the presentation of all sound and especially in so far as music
is concerned.

The reverberation characteristics depend on the shape of the space in
which the sound originates, the materials with which the space is enclosed,
the size of the enclosure and upon objects within the space. A concert hall
empty of an audience gives a different quality to that heard in the same hall
with every seat filled. The amateur actor, too, if he knows his job, will find
that he is subconsciously adjusting his voice, during his first few words, to
suit the reverberation time of the auditorium. The loudspeaker cannot adjust
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itself, and so must be placed and fed with power in a manner which allows
it to give the best quality possible under the cortditions in which. it is being
- used.

Once again the writer must state that in his opinion the term * quality *’
can only be taken as subjective. Quality is observed by the ear and trans-
lated into ideas or thougit in the mind, and neither the ear nor the mind
is interested to any great extent in a straight line response curve. True, an’
amplifier with a straight line response is the best starting point—there are
then no deficiencies in the bass and no peaks in the .treble—but the theoreti-
cally excellent curve must be the starting "point in the search for quality
sound, not the finish. The quality enthuslast presumably knows what he
means by high quality music, and must satisfy his own ear. If, to him,
quality requires good bass response he must lift his bass response curve
accordingly until what he hears is truly satisfying, and the engineer who then
says that he is upsetting balance or that his ear is playing him false must
be disregarded. In other words, the only possible course open to the quality
enthusiast is to be perfectly selfish and please only himseif—in very many
cases this will finally lead to pleasing the majority of other listeners.

The author therefore recommends the use of a good amplifier, for sound
reproduction, with the best pick-up and loudspeaker that the pocket can
afford, with a low frequency and high frequency pair of controls on the
amplifier which, together with the volume control and the loudspeaker
positioning are varied exhaustively until the results are really pleasing.

Here, however, we are chiefly concerned with the loudspeaker positioning.
In the home a single speaker will generally be used—a woofer-tweeter com-
bination must be mounted on the same bafi’e or in the same cabinet and so
may be treated as a single speaker—and the placing of this speaker in the
listenfhg room must be experimental. In any case, the experimenter is
working under difficulties simply because he is trying to make a large
orchestra sound natural in a small room, and it is well to bear these points
in mind :—

The small room cannot possibly have the same acoustic pattern as a
concert hall.

The room will almost certainly possess resonant characteristics which
will apparently ‘ amplify "’ certain frequencies or harmonigs in complex
tones. .

The most serious resonances, in a room, are grouped in the low
frequencies, thus making accurate bass note reproduction almost impossible.

In contrast with the last point it may be said that the serious resonant
points in most concert halls and similar places are at frequencies so low that
they may be considered as sub-audible.

All that can be done, then, in a room, is to find the best place for the
Ioudspéaker and, if possible, to experiment with a few heavy rugs on the
floor and heavy curtains at the windows, since this is the only way in ‘which
the reverberation time of the room can be adjusted by some small degree.
A high position for the loudspeaker should not be overlooked, a corner baffle
suspended from the plcture rails in an angle of .the room often gives good
results.
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Where sound is to be distributed in a hall, as for entertainments or
dancing, experiment with the placing of speakers is once again the only real
way of obtaining satisfactory results. If a microphone is in use, then not
only must the speakers be positioned, for good and equable distribution but
feedback also must be prevented. In general, however, it seems preferable
to group the loudspeakers below or on a level with the stage for hall work,
possibly directing sound into odd-shaped corners of the hall, if these exist,
by turning one of the speakers at the right angle. An ordinary straight hall
with no alcoves can often be covered adequately by a single large diametdr
speaker, preferably on a big flat baffle, but a hall with a number of side
alcoves or with side aisles under galleries will generally need a series of
small speakers, phased in with the main speaker, to give .good audibility in
the irregularities of the hall layout.

The distribution of sound in the open air generally calls for directional
loudspeakers, using exponential horns or directional horns with no mouth
flares. There are many examples which can be studied, ranging from the
P.A. systems of railway stations to those of sports arenas. Highly directional
loudspeakers, may be bought, at the time of writing, .from Army surplus
'stores, since such equipment was used extensively for beach landings and
battle orders. At least one loudspeaker was designed to have such a narrow
angle of sound distribution that a modified form of sights was mounted on
the horn to ensure that orders reached their correct destination !

For open air sound over small distances, however, such as for low-level
music at garden parties, dynamic speakers in box baffles are excellent, and
two speakers set together at an angle of ahout 45° are generalily sufficient
to give perfectly adequate coverage for music and announcements.

Chapter 6
EXTENSION LOUDSPEAKERS

It is often desirable to run extension speaker wiring from the ordinary
domestic receiver throughout the house, feeding one or two or perhaps all
rooms so that the programme to which the set is tuned is available over
the house. The details so far given can be applied both to the arrangement
of the feed system if a number of loudspeakers are to be in use at one time,
but some amplification on the use of lines is needed.

The number of speakers required to run at one time will affect the
volume obtained from each speaker, and a limit will be set by the power
output of the receiver. Most receivers have provision for plugging-in exten-
sion speakers, and it should first be ascertained whether the extension
requires its own output transformer; and if so, the anode load into which
the transformer must be matched, or whether a low impedance output line
is provided, in which case the extension speaker must have the correct voice
coil impedance. All thése details depend upon the receiver.

If more than one extension speaker is to be used at once, especially
if there is no provision for switching off the receiver speaker, it will be wise
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to provide a new output transformer with ratios and windings calculated to
the details previously given in order both that the available power may be
fairly distributed and, perhaps more important, to ensure that the correct
anode load impedance is given to the output stage. Adding speakers in
paralle! without adjusting the overall matching arrangements will reduce the
loading into the stage.

If a battery set is in use the extens:on speakers can be connected to the
receiver by a single wire line, the circujt being completed through an earth
connection. This method of connection is definitely unsafe when mains
receivers are in use, even when an isolating transformer is used.

A simple single line extensicn circuit is shown in Fig. 20, -the speaker
line being supplied from the set by connecting a low resistance high induc-
tance choke in the anode line of the output valve and taking the audio signals
from the anode via a capacitance. With this type of line each speaker will
need its" own output transformer. It is not suitable for use with a low
impedance line since the circuitous route of continuity through the earth
connections will cause serious losses in a low voltage - high current line.

Generally, a two-wire line will be used, and when this line is of the
high impedance type it will be necessary to guard against high frequency
losses, especially since the impedance will be, not of the order of 200 to
500 ohms, but 2,000 to 5,000 ohms, unless a special transformer is used
at the line terminals with special transformers at the speakers.

To reduce the line capacity is reasonably simple, however, for one wire
of the line can be taken along skirting boards whilst the other wire can be
taken along picture rails, the wires only approaching at the speaker socket
connections.

A low impedance line can have the wires both in one cover since the
high frequency loss is small, and ordinary twin cable of good quality may be
used, the wire diameter being as large as possible to prevent losses. See
Chapter 3 for details of wire sizes, line lengths and losses.

Several different types of plugs and sockets are available commercially,
and the neatest method of extension wiring is to fit permanent sockets in all
the rooms where the programme will be required, having one or two speakers
with plugs so that they can be taken from room to room and plussed in.

Extension speakers should naturally be of the permdnent magnet type,
since under no circumstances is it possible to energise an external speaker
from the receiver. Connecting the field winding of an external speaker in
with the field of the receiver’s speaker would result in under-energisation if
the fields were in parallel and a great drop in anode potential if the fields
were ‘in series, not to mention the complication of the extension wiring.
With the present advances and technique in high fluxdensity permanent
magnets, there seems to be no good reason why permanent magnet speakers
should not be used for all speaker positions remote from a receiver or
amplifier whether for house extensions or sound in halls and theatres.
Energised field speakers used in this way require their own power packs to
supply the field current, and it is problematical whether the energised field
speaker has any advantage over the permanent magnet speaker except in the
case of special types and large-size speakers.
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All extension point sockets must obviously be wired in parallel so that
a single speaker can be plugged into any one of a number of points. Points
in series would require to have a speaker in each position or else a shorted
plug in each position, the shorted plug being removed and the speaker being
plugged in when needed.

Loaded plugs rather than shorted plugs can be of use, however. If
a special output transformer were designed and fitted to the receiver to
supply, say, four extension loudspeakers, the removal of one loudspeaker
would upset the matching of the extension line into the receiver. This defect
could be overcome by wiring a plug with a small resistance across the plug
legs, the resistance having the same value as the voice coil impedance of the
removed speaker. The speaker can then be removed and the plug inserted
into the socket so that the correct load is still on the output transformer
and the primary still presents the correct load to the ouput stage.

When an extension speaker is connected to a receiver by the receiver’s
* extension speaker ~’ sockets, and no special provision has been made to
correct the matching of the new composite load into the output stage, a
straightforward volume control can be used wired In series with the extension
speaker and mounted in the extension speaker cabinet. When the speaker
has its own output transformer, the extension line then being of high imped-
ance, a 10,000 or 50,000 ohms potentiometer, connected as a rheostat,
will be suitable, whilst where the line is of the low impedance type with the
extension speaker voice coil connected directly across it, a 30 ohm wire-
wound rheostat will prove satisfactory.

When the extension speakers are matched into the receiver or amplifier

* by a special transformer, an L pad should be provided to maintain the correct

matching.

Remote Control

One disadvantage of a simple extension speaker system is that there is
no control over the set from the extenslon positions. When the desired
‘programme is finished, or when it is required to switch off the receiver, it
is necessary to perform this at the receiver itself. The benefit of extension
speakers, especially in bedrooms or distant parts of the house, is thus to
some extent annulled. By the use of a remote control system incorporated
with the extension speaker wiring, the difficulty is overcome and the receiver
can be switched off and on from any of the extension speaker stations. A really
comprehensive remote control system can also operate the receiver tuning,
but the installation of such a system is so expensive and there are so many
relays and controls to go out of order that in the writer’s opinion a simple
On-Off remote control is more satisfactory in the long run. The engineer can
easily devise his own remote controlling devices, but for those who require
ready-made gear, the Bulgin Remote Control is recommended, with Builgin
Control Pushes. The Remote Control unit is No. R.C.10, and the On-Off
Control Pushes are No. R.C. 8 on Messrs. Bulgin’s list.

Control is effected through a pair of interlocking relays which must be
supplied with a hugh current low voltage impulse to operate them into either
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the Off or On position. The current is only momentary, and can be supplied

from a battery or the receiver's L.T. cell for

D.C. mains and battery re-

ceivers, or from a small 4-vpolt transformer for A.C. mains operation. The

use of a small battery to provide the relay

driving current would seem

preferable, however, sinc_e a transformer would need to be connected per-
manently to the mains, and whilst the current drain should be extremely
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small with no secondary current flowing, small transformers are often not
what they might be in this respect.

The remote control cable running from point to pomt requires three
fairly heavy conductors of 18 S.W.G. wire or equivalent, one wire being
common and the other two linking the On and Off buttons of each push
respectively. The common line can also be used as one wire of the extension
speaker line, so that a four-wire cable can provide for both speakers and
control current.

The control unit, with its energising battery or transformer, is situated
beside the receiver. The loudspeakers must be coupled to the output stage
either through an output transformer or a choke-capacitance filter, and since
the common control line is connected to the chassis of the receiver when
a choke-capacitance filter is used, or to one side of the output transformer
when a low impedance line is being used, care must be exercised when the
system is used with D:C. receivers or Universal sets where one side of the
mains is also directly connected to the chassis.

In Fig. 21 are shown the various ways in which the Bulgin Remote
Control Unit may be used. There is, of course, no limit to the number of
push buttons and speaker extensions which may be wired into the circuit.
It is only necessary to ensure that no more than the maximum permissible
number of speakers are working at once—as is the case with any extension
system—and that the length of the control cable is not so great that a serious
voltage drop is caused when the energising current will be insufficient to trip
the relays. The latter trouble, if it arises, can be overcome by using a
slightly larger battery.

Chapter 7
THE LOUDSPEAKER IN INDUSTRY

One of the minor results of the late war was the appearance in factories,
workshops and offices of batteries of loudspeakers engaged in announcing
imminent danger from bombs or, in calmer moments, in dispensing ‘‘ Music
While You Work,” and despite some argument as to which was the more
harrowing to the nerves, music and the loudspeaker have come to stay in
the factory. Long before the war the British man in the street was intro-
duced, via the American films, to the office inter-communication set, which
uses a loudspeaker both in the ordinary way and also as a microphone.

This chapter shows specimen circuits of such an intercommunlcation
system and a small factory or workshop Alarm-Call:-Music amplifier system.
It is not possible to give circuits to cover every requirement, for the power
output of the amplifier itself must needs vary according to the number of
speakers which are to be operated, but the circuits shown will at least act
.as an outline for the constructor which he may adapt to his own particular
needs.

Loudspeakers as Microphones

In Fig. 22 is shown a circuit for two-way communications using a central
amplifier and the loudspeaker at each end of the circuit as the microphone.
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Loudspeakers operate quite well in this way, and tone can he excellent
déspite the large diaphragm and the low resonant frequency of the loud-
speaker. A small loudspeaker, such as a 5” diameter permanent magnet
model, should be used at each end of the line, and experiment shows that
the speaker cone should be fairly open—that is, a close mesh fret material
should not be used. A metal grille or mesh is more suitable, and copper
gauze gives excellent protection, has a pleasing appearance and gives good
results.

An amplifier using a loudspeaker as a microphone must have a high gain
for the microphone output will be very small. In a system of this type,
speech will be at several inches distance from the microphone, whilst the
matching between the microphone and first stage of the amplifier will be
only approximately ‘correct.

The switching of even a two-way intercom. set requires some thoughf,
for both stations of the system must be at the ‘‘ Receive ”’ position so that
either can be switched to *° Transmit *’ and messages sent immediately. At
the same time, this provides for privacy, for there can then be no eaves-
dropping until a station actually switches to the Transmit *’ position. The
amplifier does not need a high output so long as the output stage is fuilly
loaded, so that a single-ended triode output stage Is shown.

A single output transformer and a single input transformer is used.
The output transformer matches the output stage, using a PX4, to the two
speakers in parallel, so that the available power is shared between them.
Allowing for transformer and low impedance line losses, this means that
a little more than one watt is available to each speaker which, for 5” units,
should be ampie. Switching one station to * Transmit "’ does not change
the output stage loading and does not give extra power to the other loud-
speaker, which is still switched to ‘‘ Receive,” for in order to maintain the
correct matching a ballast resistor of 3 ohms resistance is switched into
circuit in place of the voice coll which is now acting as a microphone. It Is
assumed that 3 ohm voice coils are being used.

In the same way the input lines are loaded even when both loudspeakers
are switched to ‘“ Receive,”’ although here the situation is rather different.
As much input power as possible must be transmitted to the amplifier via
the input transformer, and as little as possible must be wasted in the shunting
resistor of the stalion switched to * Receive.”” For this reason, 50 ohms
resistances are used to terminate the microphone lines until the 3 ohms voice
coils are switched into circuit, since the real job of these reslstances is to
close the line ends and prevent hum when both stations are at the ‘‘ Receive *’
position.

The output transformer must therefore be capable of handling, say,
5 watts and have a ratio which will match 1.5 ohms into 4,000 ohms. The
ratio of this transformer is thus 50 : 1 approximately, and a 100 : 1 input
microphone transformer is used. The output transformer may be mounted
without trouble on the amplifier chassis, but the input transformer should,
ideally, be mounted at some little distance from the amplifier, since not only
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will there be the chance of hum pick-up from the mains_transformer and
choke, but there is also a possibility of feedback from the output transformer
field. The input transformer should have excellent shielding and be mounted
experimentally in a suitable position.
The intercom. system requires four wires to each station, and whilst _

a four-wire cable could be used, it is strongly advised that a pair-of two-way
cables be used, each pair of cables being shielded. The increase in cable
capacitance will be of little importance since both lines are low impedance
lines and in any case a top frequency limit of 5,000 cycles is adequate. The
shield on both cables should be earthed at each end of the cable.

The amplifier itself can form the body of the station at one end of the
system, a small cabinet containing the second loudspeaker and ‘‘ Transmit-
Receive *’ switch forming the second station.

The high gain of the amplifier is obtained by using as the first two
stages R.F. pentodes of the SP41 type. Since it is possible to obtain a gain
of 200 per stage with these valves, every precaution must be taken to avoid
hum in the amplifier circuit, and the layout must be clean and tidy to prevent
feedback. The volume control, which may be set and then left without
further adjustment, is in the second stage, where it reduces noise due to the
first stage as well as the signal. It is virtually impossible to overioad the
first stage using the loudspeaker as a microphone.

The grid leads to both the first stages must be screened, and the input
circuit as a whole should have a small screen fitted over the sockets. It is
easy to make such a screen from copper gauze and to bolt it to the chassis.
The switches and resistors at each station should also be screened, the
resistors having individual screening.

The station wiring and switching is shown separately in Fig. 23, both
stations being identically similar.

RECEIVE

TRANSMIT
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Fig. 23.—The Office Intercom. Station.
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‘COMPONENTS LIST FOR THE OFFICE INTERCOM. AMPLIFIER.

R1, R12,
R2, R3, RS,
R4, R9,

R5, R10,
R6, R11,
R7,

R13,

R14,

R15,

C1, C7, C11,

LFC,
S1,

V1, v2,
V3,

V4,

(Fig. 22.)

330,000 ohms, 1 watt.
33,000 ,, 1 ,
100,000 ,, 1% 9
470,000 ,, S
1,000 " .50

0.25 meg. Volume Control.
33,000 ohms, 3 watts.

470 T B

910 P T

8 mfds. 500 v.w. Electrolytic.

1 mfd. 350 v.w. Non-inductive.
0.5 mfd. 350 v.w. Non-inductive.
50 mfds. 25 v.w. Electrolytic.

0.1 mfd. 350 v.w. Non-inductive.
16 mfds. 350 v.w. Electrolytic.

50 mfds. 50 v.w. Electrolytic.
100 : 1 Microphone transformer.
50 : 1 5 watts Output transformer.
300-0-300 v. 100 mAs. Secondary.
4v. 2a. 4v. 2a. C.T. 4v. 2a. C.T.
20 Henrys, 100 mAs.

D.P.S.T. On-Off mains switch.
SPA1l.

PX4.

uus.

3 Mazda octal chassis mounting valveholders.

1 British 4-pin chassis mounting valveholder.

Chassis, aluminium, 10” x 8” x 21" with screening cover.
Shielded grid clips, output and input sockets, control knob, etc.

COMPONENTS LIST FOR INTERCOM. STATION. (Fig. 23.)

(Two stations required.)

Loudspeaker, V.C. with 3 ohms voice coil.

S1, 82, S3, S4,

R1,
R2,

The amplifier shown in Fig. 24 has provision for microphone and gramo-
phone pick-up inputs, connected into the main amplifier via a mixing stage.
As well as a pick-up, the output from a simple radio tuner can be fed into
the pick-up sockets.

The output from the amplifier is 15 watts, sufficient to feed two or three
speakers in workshops where the noise level is not too high.

Between the mixing stage and the phase splitter is a double tone control
working on bass and treble, with the main gain control.

4-pole 2-way Yaxley type switch,
“ Receive-Transmit.”’

3 ohms, 2 watts.

47 12 % £
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A fairly high anode voltage is necessary on the output PX25's, the _H.T.
line being dropped and decoupled for the preceding stages by R25. The H.T.
line is set to 450 volts by adjusting R30, an 0.2 amp. 1,000 ohms vo'tage
dropping resistance as used for the heater resistor in Universal sets.

This amplifier must also be built with care, the layout being made to
prevent any chance of hum pick-up through the stages, whilst the microphone
transformer must be very well screened and mounted separately from the
amplifier chassis. If a crystal microphone is used; R1 will become of the
order of 2 megohms, so that once again there will be the chance of hum
if the resistor and grid lead are not well shielded.

The loudspeakers used with the amplifier must be matched into an
anode-to-anode load of 6,000 ohms.

COMPONENTS LIST FOR THE 15-WATT AMPLIFIER.
(Fig. 24.)

R1,

R2, R7, R8, R17,
R19, R23, R24,
R3,

100,000 ohms 1 watt, or as specified for
the microphone used.

47,000 ohms, } watt.
100,000 ,, % ,,

R4, R9, R10, R20, R22, 470,000 ,, 1} ,,

Rsr 17000 (1 é s

R6, 0.25 meg. Mike mixer input.

R11, R21, 330 ohms, } watt.

R12, 0.25 meg. Treble control.

R13, 0.25 meg. Bass control.

R14, 0.5 meg. Main gain control.

R15, 1 megohm, 1 watt.

R16, 33,000 ohms, 3 ,,

R18, 2,200 ,, L

R25, 7,500 31,8

R26, R27, 330,000 ,, gr

R28, R29, A7 3 0 S

R30, 1,000 ohms 0.2 amp. dropping resistor.

R31, 100 ohms 2 watts plus 150 ohms 3 watts
in series.

R32, 0.25 meg. Pick-up mixer control.

Cli o ¥ 0.5 mfd. 350 v.w. Non-inductive.

C2, 50 mfds. 25 v.w. Electrolytic.

C3, C9, C14, C15, 8 mfds. 500 v.w. Electrolytic.

C4, C5, C10,

Cl11, C12, C13,
Ce,

0.1 mfd. 500 v.w. Non-inductive.
0.005 mfd. 500 v.w. Non-inductive.

C7, 0.001 'mfd. Mica.

Cs; 0.02 mfd. 500 v.w. Non-inductive.
Cle6, C17, 8 mfds. 750 v.w. Electrolytic.
LF.C, 20 Henrys, 200 mAs.
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Ti, Microphone transformer, to suit micro-

phone used.

T2, Output transformer; 15 watts, to match
load to 6,000 ohms.

T3, 200-250 volt primary.

500-0-500 volts 200 mAs. secondary.
4v. 3a. 4v. 5a. C.T. 4v. 4a. C.T.

81, D.P.S.T. On-Off mains switch.
Vi1, SP41.

V2, V3, V4, V5, V6, 354V.

V7, V8, PX25.

V9, FW4/500.

1 Mazda octal chassis mounting valveholder.

5 British 5-pin chassis mounting valveholders.

3 British 4-pin chassis mounting valveholders.

Chassis, aluminium, 16” x 8" x 21”, with screening cover.

Grid clip, output and input sockets, control knobs, screened cable for
pick-up and microphone leads, etc.

Appendix A
FEEDING THE SPEAKER FIELD

Where an energised loudspeaker is to be used directly with a receiver
or amplifier, the energising current is obtained automatically by using the
speaker field as a smoothing choke and passing the whole H.T. current drain
through the winding. All that is necessary is to calculate the permissible
voltage drop—for example, if the power pack has an output of 350 volts
and 250 volts are required to operate the receiver or amplifier, the permis-
sible voltage drop is 100 volts—and to choose a speaker with a field resis-
tance which, at the rated current for the receiver or amplifier, will drop the
correct voltage. To expand the above example, imagine that the receiver or
amplifier requires 100 mAs. Then to drop 100 volts at 100 mAs. the field

resistance must be ﬁ ohms, or 1,000 ohms. Remember, when using

Ohm’s Law, that current in mAs. must always be expressed as current in
amperes. Thus, 100 mAs. is expressed as 0.1 ampere. The speaker field
will be dissipating 10 watts.

When using energised speakers as extension speakers it is both incon-
venient and unwise to run a power line from the amplifier to energise the
field, however, whilst where a number of speakers with energised fields are
in use it is practically essential to provide each speaker with its own power
pack. The power pack circuit is simple since the speaker field acts as its
own smoothing choke, whilst a single capacitance only is required. When
the apparatus is being used with D.C. mains, the power pack is so simple
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as to require no illustration. A speaker with a high resistance field Is chosen
and connected directly across the mains, or a speaker with a lower resistance
field is connected to the mains in series with a suitable resistance. In either
case, a 4 mfds. capacitance is connected across the field winding and if an
electrolytic capacitor is used care must be taken to observe the correct
polarity.

The series resistance used must, of course, depend on the speaker resis-
tance and its rating either in current or watts, which should be stamped on
any good speaker. A 1,000 ohm speaker field with a rating of 10 watts
obviously requires 100 mAs.. flowing through the winding. D.C. mains with
a voltage of 250 volts will cause 100 mAs. to flow through a 2,500 ohms
resistance. Accordingly, a resistance of - 1,500 ohms must be connected in
series with the speaker field to make a total resistance of 2,500 ohms, and
the watts rating of this resistor must be 150 (the voltage dropped across the
resistance) multiplied by the current, 0.1 ampere—that is, 15 watts.

When the speaker field is to be energised from the A.C. mains, a rectifier
must be used. Half-wave rectification is perfectly suitable, so that a metal
rectifier will perform the operation satisfactorily, dispensing with a heater
transformer and rectifying valve.

The circuit is shown in Fig. 25, and in many cases can be used without
the provision of further dropping resistances. Speakers with fields whose
resistances lie between 2,000 and 7,500 ohms can be energised from 200-
230 volt A.C. mains, using the Westinghouse HT15 rectifier with field
excitations of between 6 and 9 watts. If the mains voltage is above 230
volts up to 250 volts, a 2,000 ohms field should be supplied from an HT17
rectifier, although fields of higher resistance can still have the HT15 rectifier.

-

IA.C. CNOT USED

NE

REC. H.T. 15
Gl ORH.T. 17 g .
A.C. SPEAKER
~~ 200-250 v - FIELD

e
& 4ptds. | WINDING

Fi6. 25.—Energising the Field Winding.
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‘The fie}d excitation will* naturally rise a little, to perhaps 10 or 11 watts.
1,000 ohms fields can be fed from the HT17 rectifier when the excitation
will be between 10 and 15 watts for mains voltages of between 200 and 250
volts. In all cases the value of C in the dlagram should be 4 mfds., a paper
type condenser with a working voltage of 500 volts being preferred, although
an electrolytic condenser connected with the correct polarity can -be used.

If the excitation values are too high for the speaker it is desired to use,
a variable resistance of the heater dropper 0.2 amp. type should be inserted
in series with the speaker and the current adjusted to a calculated correct
value by variation of the resistance slider.

Appendix B
THE OUTPUT TRANSFORMER ¥

Whilst it is impossible to give a design for an output transformer which
will cover all applications, loads and powers, it is possible to give a skeleton
design which will form the basis of an output transformer with a high primary
inductance, a high power handling capacity, and which can be wound with
secondaries as calculated to suit the load.

In this appendix, therefore, are given details for a sectionalised primary
winding on a standard lamination core, the winding having a round number
of turns. Between the primary sections should be wound the secondaries
required with ratios to the primary winding as calculated. If only one secon-
dary winding is required this should be put on in sections sandwiched
between the primary sections, using as large a wire gauge as the former and
core and winding area can accommodate, whilst several secondaries can be
put on as separate windings each sandwiched between a pair of primary
sections. Again, the wire gauge must be as heavy as can be accommodated.

A good many of the details of the transformer are still left to the bullder
to fill in, therefore, but this cannot be avoided.

Obtain an old mains transformer with.E and I laminations, and strip
the laminations from the former, then clear the former of the old wire.
In the centre of the former build up a central cheek so that the former is
now divided into two equal -parts, using for the purpose stout card and
good cement. The former will now look Ilike Fig. 26.

The primary and secondary windings are put on the former in two halves,
2,000 turns of 30 S.W.G. enamelled copper wire being used on each half
former to make a total primary of 4,000 turns of wire. On each half former
the primary is put on in 5 sections, 400 turns to a-section, the secondary
windings or part windings being placed between the primary sections, so
that 4 secondary sections can beggcommodated on each half former making
8 secondary windings or sections in all. Between each layer of wire in both
primary and secondary should be placed a turn of waxed paper, such as can
be obtained by stripping down an old Mansbridge type condenser, whilst
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Fi16. 26.—The Former, with an extra cheek.

between the primary and secondary sections the insulation should consist of
2 or preferably 3 layers of 5 thou. km_ire tape.

The secondary wire size should be about 18 S.W.G. enamelled wire,
but it may be possible to use thicker wire, all depending on the number of
turns to be used.

A mains transformer with a 1 inch cross-sectional core area or more
should take this size of primary and leave adequate room for the secondary
windings. If a small core only is at hand it will be necessary to put on a
smaller primary winding, adjusting the secondary windings to maintain the
correct ratios. The sectional method of winding should still be used, of
course.

The primary-leads should be brought out at one side of the former, the
secondary leads at the other. Only two or three primary leads should be
brought out (three if the primary is centre-tapped), the connections between
sections being made internally and carefully insulated. A centre tap, when
required, gives no trouble since it occurs between the two half-windings at
their junction. The secondary sections, If they are parts of one secondary
winding, may also be connected together ifiternally. Remember, when wind-
ing the two halves of the former, that the windings must all be in the same
sense so that the fields assist.

30 5.W.G. copper wire will carry 120 mAs. with ease.

The secondary ratios are calculated against a 4,000 turn primary—a
ratio of 100 : 1 will require a secondary of 40 turns, and so on.

When the transformer is to be used with a push-pull output stage the
laminations should be crossed, stacked ﬁh an E, an I, an E, an I, etc.,
but when the transformer is to be used Wwith a single-ended output stage
all the E’s and all the I’s should be stacked together to give 3 butt joints,
the core being bolted into a frame for strength and rigidity.
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