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Build A

Microphone
Preamp

W. ). ). Hoge

Some of the Gentle Readers of Audio who remember my
previous articles may be wondering what a loudspeaker engi-
neer is doing writing about microphone preamplifiers. After
all, the two devices are at just about the opposite ends of an
audio system. Long before | worked with loudspeakers, |
worked in the recording industry here in Mashville. Part of
my background includes experience as a circuit designer, and
| have also worked as a recording engineer. When | decided
to move back home to Nashville, | decided to combine those
two parts of my background so | am now waorking with a
company which builds large, sophisticated recording con-
soles,

The quality of recording equipment has been significantly
improved over the past few years. When | first started mixing
records (back in the ‘60s), the equipment did not perform
especially well by today's standards, For example, it was not
uncommon for equipment with rated distortion of 0.5 per-
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Fig. 1—Schematic of microphone preamp.

cent to be considered not only acceptable but pretty damn
good, The state of the art has advanced well beyond that.
Today every record you listen to has at least one thing in
commaon with all others. Whether it’s from a modern, multi-
track studio recording or one made on location using simple
techniques, the signals from the microphones had to be am-
plified before they could be used to drive the tape recorder
or (in the case of the music business’ most recent giant step
backward) the disc cutter-head amplifier directly. The serious
amateur recordist does not have much available to him in the
way of micraphone preamplifiers which meet the standards
of those in modern studio equipment. In this article V|l de-
scribe one which you can build. It is suitable for use with all
common types of microphones with low impedance outputs.
In amplifying the microphone’s signal, the preamplifier
must not add any extraneous signals, such as noise or distor-
tion. It also must have sufficient bandwidth to pass all the
useful information which comes from the microphone, but it
should also have a limited bandwidth to help prevent
unwanted signals (such as radio frequency interference) from
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Fig. 2—Pattern, at one-to-one size, for circuit board,

entering the system. For naturally occuring musical signals,
the lowest frequency commonly generated is about 41 Hz,
however, the lowest tone which comes from a piano is 27.5
Hz. A professional-grade device should be able to pass that
piano fundamental. The upper limit of the ear's spectrum is
on the order of 20 kHz in young people with good hearing.
Information theory tells us that if we try to transmil more
information than the receiving énd of a system can use, we
are wasting our time. Thus, response to 20 kHz is adequate.
Professional-grade microphones of varying types provide
output signals of widely varying nominal levels. Ribbon mi-
crophones often have sensitivities low enough to yield nomi-
nal levels on the order of -60 dB (re: 0,775 V). {Authors Note:
0775 V is one of those gquasi-magical numbers which pops
up in audio from time to time. A signal with an rms potential
of 0,775 ¥ will cause a 600-chm resistor to dissipate 1 mW of
power.) Condenser microphones are commonly available
with output levels on the order of -30 dB. Thus, it is obvious

ta the most casual observer that a wide range of gain adjust-
ment should be available in our preamplifier. Usually a gain
of + 80 dB is good with ribbon microphones; a gain of +20 is
about what is required with condenser microphones placed
near loud sources. We now have a set of design specifica-
tions for our preamplifier. The bandwidth should be from
275 Hz to 20 kHz, the gain from +20 to +60 dB, the distor-
tion and noise held to minimum levels, and the input im-
pedance should be compatible with low-impedance micro-
phones. As an additional specification, we ought to specify
the output signal level available and the minimum load
impedance. Let us say that the preamplifier should be capa-
ble of delivering an rms signal of 6 ¥ when operating into a
&00-ohm load.

Most high-quality preamplfiers use input transformers. An
input transformer which is properly designed can perform
several useful functions. First, it can serve as an impedance-
matching device between the microphone in the input stage
of the amplifier. The purpose of this match is not to achieve
maximum power transfer but rather to minimize noise gener-
ated in the input stage. There is an optimum range of source
impedances for any particular amplifier for best signal-to-
noise ratio. Low-impedance microphones have output im-
pedances well below the optimum range far most devices.

A second function that the transformer can perform is lim-
iting the bandwidth of the input signal. Transformers exhibit
both low and high frequency roll-off. This can reduce low
frequency disturbances from such sources as traffic rumble
and high frequency disturbances from such sources as your
local Citizens Bandit (CB).

Finally, a transformer can provide voltage gain. In fact, an
input transformer that would properly match the output im-
pedance of a microphone to the impedance of a typical input
stage required for best noise performance, would be a step-
up transformer.

The particular input transformer selected for this preampli-
fier is the JE-115K-E made by Jensen Transformers. It has ex-

tremely low leakage inductance. When its secondary is load-
ed with 10 times its characteristic impedance, it exhibits very

Fig. 3—Component placement on circuit board.
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Fig. 4— All holes should be drilled with a #60 bit
except the four transformer holes in the squares
which should be made with an eighth-inch bit.

low overshoot and does not require an RC resonance damp-
ing network when it is used with an amplifier with a two- p$
lead compensation network in its feedback. The input im-
pedance of the primary is about 1400 ohms when the sec-
ondary is terminated with 150 kilohms. This provides a prop-
er termination for low-impedance microphones. The second-
ary presents a source impedance of about 20 kilochms to the
input stage of the amplifier. The rate of distortion increase for
low-frequency, high-level signals is very low. The voltage
gain is +20 dB.

Based on the characteristics of the input transformer, we

" can specify the rest of our circuit. We need an amplifier with

gain adjustable from 0 to +40 dB, an input stage which aper-
ates with low noise when used with a 20-kilohm source, a
high-frequency roll-off equivalent to that provided by a two-
p5 phase lead network in its feedback loop, and the capabil-
ity of delivering a 6-V signal to a 600-ohm load. It is, of
course, possible to design an amplifier which uses discrete
components which will meet our specificaitons. However, if
we can find an integrated circuit which can be used, we can
save a great deal of design time and, perhaps, some money.
ICs have a bad name in the audio business. S5ome opera-
tional amplifiers which were designed for d.c. instrumenta-

Fig. 6—Shape and hole locations of Jensen

transformer.
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Fig. 5—Pin locations on the 911 op-amp.
Caution should be used with these

" devices as they are sensitive to
electrostatic charges.

tion use have been misapplied to audio purposes for which
they were unsuited. There do exist a few monolithic op-amps
which can be used (with care) in audio systems. One such
amplifier is the Harris 917, which exhibits excellent noise
characteristics. It is a wide bandwidth device and is capable
of delivering a 7-V signal to a 500-ohm load. Figure 1 shows
our microphone preamplifier using the 971.

Mote that we have used two of the ICs. The first stage
provides the voltage gain not provided by the transformer.
The second stage provides the high-frequency response
shaping for minimum overshoot.

The first stage has its gain normally set by the 25-kilohm
reverse audio-taper pot shown in the schematic. When the
wiper of the pot is at the bottom, the stage’s gain is set by the
ratio of the total resistance of the pot to R2. This is 100 to 1 or
+40 dB. When the wiper is at the top, the gain is unity. R3
provides feedback around the op-amp at all times. If the pot
were not connected or if the wiper were to lift from element
of the pot during rotation, the pain of the stage would drop
to unity. In the case of the lifting wiper (a not untypical
imperfection even in a good pot), the momentary gain drop
is less ear shattering than a momentary gain rise to the open-
loop gain of the op-amp.

Fig. 7—Set up for DIM 100 test. The output of the
square-wave generator is bandlimited at 100 kHz.
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