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Preface

Today more than ever before the microphone represents a vital interface between
the sound field and the multitude of electrical circuits now in use.

A number of excellent books have appeared which give a good grounding in
the general theory and applications of microphones. However, it is apparent that
there is an advantage in producing an up-to-date work in which the various
specialized aspects of microphone design and use are covered in detail by
acknowledged experts involved today. Special emphasis is placed on inclusion of
comprehensive references to other work. The aim is to give clear and detailed
treatment of microphone design and performance in fields such as communica-
tions, sound measurements, sound reinforcement and public address, broad-
casting and sound recording etc., including the latest stereophonic techniques. It
is hoped that all concerned with the engineering design and applications of
microphones in the diverse fields of use today, and many students, will find
interest and enlightenment from this book.

Michael Gayford
Harlow Essex
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8 Microphone amplifiers and
transformers

Peter Baxandall

8.1 Introduction

In this chapter the primary aim is to present the fundamental principles that
underlie the design of microphone amplifiers and transformers as lucidly as
possible. However, attention will also be given to engineering aspects which
practical experience has shown to be important.

Section 8.2 has been included largely because it is felt that some appreciation of
how the present state of the art has come about helps to make work in this field
more interesting and satisfying. The Section also provides a convenient way to
introduce some topics that are dealt with in greater detail in later parts of the
chapter.

8.2 History

A basic microphone amplifier is nowadays a diminutive device of great reliability,
tiny power consumption and low cost — but how very different things once
were!

The recording industry had no requirement at all for microphone amplifiers
until about 1925 when electrical disc recording came in, and the significant
history of such amplifiers really starts at about the same time as that of regular
broadcasting, say 1920 or just after — although Wente’s capacitor microphone and
amplifier for sound-intensity measurement,' based on work at Bell Telephone
Laboratories, appeared in the literature as early as 1917. This latter date is in fact
only about five years after the vital notion first began to dawn that the triode
valve, invented in 1907 by Lee de Forest, and regarded at first merely as an
improved radio detector, had potent amplifying properties and could be cascaded
to make high-gain amplifiers.

The BBC (British Broadcasting Company, as it then was) took over responsibil-
ity, in November 1922, for running three broadcasting stations that had
previously been owned and operated for a short period by independent electrical
firms.

One of these firms was Western Electric, whose 0.5kW London station was
soon moved (by steam lorry!) to Birmingham. It had equipment of American
design, including a Western Electric Type 373 double-button stretched-diaphragm
carbon microphone, which gave much better quality than ordinary telephone
microphones, and a Western Electric Type 8A microphone amplifier. This
amplifier, which was powered by storage batteries, is shown in Figure 8.1, and
cost £160, equivalent to several thousand pounds today. It had three choke-
capacitance coupled stages with sizable input and output transformers.

Surprising as it may now seem, a microphone amplifier as such was not used
at all in other BBC installations in the very earliest days, the output of the studio
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Figure 8.1 Western Electric Type 8A three-valve microphone amplifier as
installed, with added feed-current milliammeters, in Birmingham control room,
1923. There was a separate filament rheostat for each valve and choke —
capacitance interstage coupling was employed. Storage batteries were used for
the power supply.

carbon microphones — of the telephone variety — being fed directly to the input of
the modulation amplifier in the transmitter. This was the initial state of affairs at
the original London station 2LO as installed by the Marconi Company at Marconi
House in the Strand, though it did not last long.

The much superior quality of the Birmingham transmissions was noticed by
listeners — perhaps the first faint glimmering of a hi-fi outlook! — and before long
Western Electric carbon microphones and amplifiers were introduced at other
stations. Nevertheless it became evident that even these had fairly serious
performance shortcomings, and this, together with their very high cost and the
fact that microphones and amplifiers were obviously going to be needed in much
larger numbers as the broadcasting service expanded, resulted in a good deal of
effort being put into finding other solutions.

Captain H. J. Round at Marconi’s, who was a key figure in the early days of
broadcasting in Britain (and with whom I once spent a most enjoyable day when
he came to see some work we were doing at the Royal Signals and Radar
Establishment about 1948), soon evolved the Marconi-Sykes magnetophone, the
essential notion coming from a 1920 patent of Adrian Sykes. This was a form of
moving-coil microphone whose diaphragm was a flat annular coil of aluminium
wire suspended on cotton wool in the field of a large pot-type electromagnet
consuming 4 A at 8V from a battery.

An early prototype of the magnetophone, and the amplifier which Round had
designed to go with it, were brought into regular service in May 1923, just after
the BBC London studios at Savoy Hill were occupied. The designs were finalized
within a few months and became the standard equipment in most BBC studios for
several years. The microphone was widely known as the meat-safe!
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Figure 8.2 Marconi Type GA1 single-channel five-valve microphone amplifier,
having resistance — capacitance interstage coupling. The metal screening boxes
over the valves have been removed, but can be seen in Figure 8.3. This was
the standard BBC microphone amplifier for several years. It operated from a 6 V
filament supply and a 300 V HT supply.

The production version of the microphone amplifier, Marconi Type GAl, is
shown in Figure 8.2, with the metal screening covers over the valves removed.
The amplifier weighed over 45kg, but was considerably smaller than the original
experimental prototype. There were five R-C coupled stages of triode amplifica-
tion, with input and output transformers mounted behind the valve panel. The
price was only about half that of the Western Electric Type 8A.

Each valve, connected by gold-plated contacts, was mounted in a sub-assembly
suspended by rubber bands, with flexible leads to the main circuit. This was done
to reduce microphony, or ‘ponging’ as it was often called, which occurred if the
valves were subjected to the slightest vibration — this was indeed a major problem
with directly heated valves of the types then employed.

The GA1 amplifier had provision for adjusting the high-frequency response ‘to
suit the acoustic properties of the hall in which the microphone is used’, to quote
from the leaflet supplied.’

The magnetophone and GA1 amplifier were used not only in studios but also
for outside broadcasts, as also were the Western Electric items previously
mentioned. Figure 8.3, taken in 1925, shows two of the Marconi amplifiers rigged
for one of the famous early OBs of the song of the nightingale from a wood in
Oxted, Surrey.2 Notice the boxes of batteries and the checking radio receiver.

Though the above Marconi equipment was in widespread BBC use by 1924,
Birmingham continued to use Western Electric products, soon changing from the
double-button carbon microphone to a capacitor microphone, which was retained
there until 1926. It was the only capacitor microphone in BBC service. The
microphone and its amplifier ‘were both very susceptible to the least trace of
dampness and so were apt to be “temperamental” . Though capacitor micro-
phones were employed to a very limited extent after 1926, it was many years
before their early BBC reputation for making frying noises and exhibiting general
unreliability was largely overcome.
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Figure 8.3 Two Marconi GA1 microphone amplifiers installed for a 1925
outside broadcast of the song of the nightingale from a Surrey wood. A 6 V
battery and six wooden boxes containing 50 V batteries may be seen.

A very significant event in the history of microphones and microphone
amplifiers in the BBC was the introduction of the Marconi-Reisz transverse-
current carbon microphone — the familiar marble-block device of octagonal shape
that is seen in so many early broadcasting photographs. It was invented in
Germany by Georg Neumann, founder of the present-day firm of that name,
while employed by the Reisz company.? It was brought into service towards the
end of 1925, and was in almost universal use throughout the BBC by 1927. Many
of these microphones, together with a BTH version of the same type but round in
shapg,4 were to be seen in action until 1935, and to a limited extent even
later.”

The Reisz microphone was robust, extremely reliable, acceptably small by the
standards of those days, it had a convenient (resistive) impedance of about 300 (),
and, above all, it was highly sensitive, giving well over 10mV r.m.s. on the grid
of the input valve even on speech. The bass response extended without loss down
to 30Hz and below. The axial high-frequency response exhibited a very broad
peak of over 10dB centred around 4 kHz, much of this being due to diffraction.
However, with suitable equalization, which was incorporated in the later
amplifier designs, and with appropriately positioned artists, quite good sound
quality was obtainable.

The microphone took about 20mA at 6V DC to polarize it, and generated
considerable noise, of 1/f spectrum. The noise, expressed as an equivalent sound
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pressure level (SPL), though a good deal higher than for a normal modern
microphone, was not intolerably great, but bearing in mind the high sensitivity, it
corresponded to quite a high electrical output noise level, which over-rode the
thermal noise in the amplifier input circuit by a substantial factor. This greatly
eased the problems of amplifier design from a noise and microphony viewpoint
and it also reduced the audibility of interference picked up by microphone
wiring. The microphone unfortunately gave considerable non-linearity distortion
at very high SPLs, but its limitations were well understood by the engineers of the
day and by-and-large it gave very satisfactory results on medium-wave radio.

Figure 8.4 shows, in redrawn and slightly simplified form, the circuit of a Reisz
microphone amplifier as given in Reference 5 of 1928. The first three valves are
2V filament valves of fairly low gain as then used in ordinary radio sets, the
output valve being a small power valve with 6 V filament. Note the arrangement
of three flashlamp bulbs whose relative brightness, in association with the meter
readings, gave an immediate indication, in the event of a filament failure, of
which valve was faulty — such failures were considerably less rare than in later
times.

Note too the way the 6 V supply for the filaments serves also for energizing the
microphone, and that the microphone circuit is not a balanced one. This latter
feature would be frowned upon today, but apparently it was then found good
enough, largely because of the high output level of the Reisz microphones.

Obviously gain adjustment effected right at the input as in Figure 8.4 leaves the
amplifier output due to valve noise and microphony at its full level when the gain
is reduced, but because of the high microphone sensitivity, and consequently only
moderate maximum-gain requirement, this scheme was found to be quite
satisfactory, and it had the great virtue of keeping the amplifier distortion to a
minimum even at the low gain settings required with loud programme sources -
negative feedback was not known about when this amplifier was designed.

The purpose of the input gain control, as normally used, was to set the gain to
suit the type of programme involved, so that the level at the microphone amplifier
output would be suitable for easy handling on the faders at the control desk.

Before the advent of Reisz carbon microphones, when magnetophones and
GA1 amplifiers were employed, these amplifiers and their batteries were usually
located close to the associated studios, but when Reisz microphones came in, the
amplifiers were installed in the control room, allowing all batteries to be located
nearby and shared between amplifiers. This new scheme, unlike the old one,
involved long cable runs at microphone level, and these, as already mentioned,
were operated in an unbalanced mode.

Another feature of the Figure 8.4 circuit is the use of grid stoppers in the
first two stages. These markedly reduced the tendency of the circuit to respond,
by rectification, to radio-frequency interference, and their use for this purpose
has been credited to H.]. Round. This dodge, of course, is still used in
the semiconductor era, though sometimes primarily for preventing VHF
oscillation.

After 1928, the design of BBC microphone amplifiers, otherwise called ‘A’
amplifiers, evolved for several years along lines fairly closely related to the Figure
8.4 type of circuit, but by 1933 indirectly heated triodes, which became available
about 1930 with the advent of mains-operated radio receivers, had displaced the
filament type and were less microphonic.®

Though Reisz microphones were still in very widespread use in 1933, they were
beginning to be replaced by more modern and sensitive forms of moving-coil
microphone, and, to a much lesser extent, by capacitor microphones which had
individual preamplifiers.”*
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With the new valve types and related transformer designs, the new ‘A’
amplifiers required only three stages. To compensate for the over-emphasized
high-frequency response of the Reisz microphones, a low-Q series tuned circuit,
resonating at just under 4kHz and having adjustable series resistance, could be
switched across the output of the first stage.

A shelving bass loss below about 300 Hz was also switched in, because of a
belief that the Reisz microphones had a lifting bass response of at least +6dB at
50 Hz. This belief must, I think, have been mistaken; a recent measurement on a
microphone of this type, using a B& K Type 4133 measuring microphone,
showing it to have a low frequency response flat down to 30 Hz within +1dB, as
would be expected from its principle of operation. (It is noticeable that around
1932/1933 published BBC microphone response curves,”’ not only for carbon
microphones but also for stretched-diaphragm and Voigt slack-diaphragm
capacitor microphones, all exhibited a fairly similar bass rise, suggesting that the
measuring set-up then in use probably had an unsuspected bass loss. This is
perhaps less surprising when one bears in mind that acoustic measurement
techniques were in their infancy at the time.)

The gain adjustment, for accommodating different types of programme source,
came, as before, at the input, though the change had been made to a normally
connected potentiometer rather than a shunt ‘rheostat’, and the primary of the
input transformer was floating so that it could be used in either a balanced or an
unbalanced manner.

Despite the use of indirectly heated valves in the new amplifiers, the heater,
high-tension and grid-bias supplies were all still obtained from central batteries —
there seems to have been a profound distrust of mains supplies for amplifiers by
broadcasting engineers in those days, presumably on grounds of less reliability
and propensity to mains hum, the latter being a characteristic of much badly
designed public-address equipment at the time!

The next major change was the bringing into service in 1935 of the BBC/
Marconi Type A ribbon microphone, after a short trial period. By 1936 the
majority of BBC microphones were of this type. The ratio of the internal
transformer was chosen to give an output impedance of 300() as for the Reisz
microphones, which was convenient. Though the new microphones were of much
better fidelity and had polar characteristics of a usually beneficial type, the lower
output level nevertheless caused acute problems at first.

The cable runs from studios to control room not then being of the balanced
variety, studio preamplifiers were initially found necessary with ribbon micro-
phones in order to avoid troubles from switch-click interference etc. However, by
changing to balanced twin-core lead-covered cable, plus balanced input trans-
formers with screens, long microphone cable runs, even of 300 m, were found to
be quite satisfactory.

As already mentioned, outside broadcasts in the earliest days were mostly done
using cumbersome amplifiers designed for studio or control-room purposes,
accompanied by massive boxes of batteries, but in later years amplifiers designed
specifically for OB use were introduced, of which the OBA/8, shown in Figure
8.5, which aFﬂpeared in 1938, is the one of by far the greatest technical
significance.*'*!!

The OBA/8 amplifier was an outstandingly successful design which, for
several reasons, had a great influence on later developments in both OB and
studio equipment. It remained in service for several decades and was manu-
factured in rack-mounting form (Type APM1) as well as in the box form used for
normal OBs. Large numbers of these amplifiers were used as the basis of
temporary wartime studio installations. The main new features, apart from
reduced size and weight, were:
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Figure 8.5 OBA/8 outside-broadcast equipment. Two amplifiers are on the
table, surmounted by a pair of power units between which is a four-channel
microphone mixer. The monitoring loudspeaker, in a case unfolding to form a
baffle board, contained a power amplifier consisting simply of a pair of ACSP/3
valves in push-pull — ‘extensive tests indicated that the maximum output of
about 1 % watts was adequate’.

(1) Only two valves for signal amplification, these being AC/SP3 high-slope
television-type pentodes. The 4V 1 A heaters were run on 50 Hz AC and the
mains-derived HT was at 250 V.

(2) Total HT current only 25mA, allowing ordinary radio-receiver type dry HT
batteries to be used for emergency operation in the event of mains failure,
plus a storage battery to provide the total heater current of 3.5A at 4 V.

(3) Negative feedback employed, with combined feedback and passive gain
control.’01!

(4) Equalization incorporated to correct for falling response of ribbon micro-
phones at high frequencies.

(5) Built-in peak programme meter provided.

The amplifier was capable of supplying a power output of 25mW, with not
more than about 1% harmonic distortion, to any resistive land-line impedance
between 75() and 600(} , and had sufficient available gain to be able to do this,
using ribbon microphones, for any likely kind of programme material. At reduced
settings of the single-knob gain control, the amplifier could handle inputs
corresponding to ribbon microphone SPLs of about 133 dB* with similarly low
distortion and without the sacrifice of signal-to-noise ratio which the simple input
gain-control scheme of Figure 8.4 would have produced. The distortion under
most operating conditions was substantially less than 1% and subjectively

negligible.

*“The later Type AXBT version of the Marconi ribbon microphone had a Ticonal magnet and
was several dB more sensitive,'? giving a lower maximum SPL for 1% distortion.
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On outside broadcasts and in studios it is, of course, frequently required to mix
the outputs of several microphones. Nowadays, since microphone amplifiers are
small and relatively cheap, the almost universal practice is to have a separate
amplifier for each microphone and do the mixing at a moderately high signal
level. But in earlier days the mixing was often done at low level, with an amplifier
shared between several microphones. Thus a standard adjunct to the OBA/8
amplifier was a four-channel mixer or series fader. Each control knob on this unit
varied the amount of series resistance inserted between the associated 300()
microphone and the OBA/8 input, the input impedance also being 300 ().

If one microphone was fully faded up, with the others faded out, there was no
sacrifice of signal-to-noise ratio, nor was there if more than one was fully faded
up, but with all knobs at less than the maximum setting, the signal-to-noise ratio
became significantly inferior to what can be achieved by using a separate
amplifier for each microphone and doing the mixing at a higher level. However,
by judicious use of the main gain control on the OBA /8 amplifier in conjunction
with the mixer controls, excellent results could be obtained, though this
procedure was less than ideally convenient for the operator.

A further feature of this low-level mixing scheme is that the level of the
contribution from one microphone is reduced when further microphones are
faded up.

Before the advent of the OBA/8 equipment, rather surprisingly in retrospect,
the control of the dynamic range of outside broadcasts had normally been done
in the main control room, the gain of the OB amplifier being kept constant. This
method of working was far from optimum with respect to OB amplifier distortion
and land-line signal-to-noise ratio, and the much sounder policy of effecting the
dynamic-range control at the OB point was introduced when the OBA/8
amplifier came into use. The built-in peak programme meter enabled this to be
done in an optimum manner.

The development of mains-operated equipment of the OBA/8 type, plus the
very reassuring experience gained by using it in numerous temporary war-time
studios, resulted in the abandonment after the war of the centralized control-
room location of microphone or ‘A" amplifiers and the post-fader ‘B’ amplifiers.
The studio then became a self-contained unit so far as amplifier equipment was
concerned. In the earlier post-war years of austerity, OBA /8 and APM1 amplifiers
continued to be widely used, pending the introduction of new and more versatile
equipment specifically intended for studio installations. Thought had in fact been
given to the design of such apparatus during the later part of the war, leading to
what became known as Type A studio equipment.'*'* Though this began its
service trials in December 1944, it was not until the mid 1950s that it had replaced
virtually all earlier equipment in studios.

The Type A equipment, which was still based on the pre-war ACSP/3 pentode
valve, had relatively small amplifier modules, mounted on sliding shelves in
lockable cabinets in such a way as to be easily removable for servicing.

A new feature was that a separate ‘A’ amplifier was used for each microphone
or gramophone source, low-level mixing being abandoned. A jack field, accessible
without unlocking the main cabinet doors, enabled the output of each ‘A’
amplifier to be fed to any chosen fader, to suit operational requirements.

With the amplifiers at a distance of some metres from the control desk, the
feeds to and from the faders had to be at low impedance, balanced stud-type
constant-impedance bridged-T faders being employed, with 600} input and
output transformers in all amplifiers — a clean technique, although rather
expensive.

The use of constant-impedance faders fed in this way from 600} source
impedances allowed passive mixing to be achieved simply by parallel-connecting




































































































































































































































