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Preface

High-fidelity audio amplifiers have long been involved in the battle
of specifications. Very few amplifiers are sold today that do not have
a long list of data which define its characteristics. Practically all am-
plifiers have been checked and reported on by various test laboratories
which have either confirmed or denied the published specifications.

The data presented to the consumer by the manufacturer or inde-
pendent laboratory require the use of specialized instruments and
careful measuring techniques. Although medium-quality instruments
may be used to compare two different units with reasonable accuracy,
excellent-quality instruments must be used for absolute measurements.

The types of instruments required and available for measuring au-
dio equipment are discussed in the first chapter. A comparison of dif-
ferent types of instruments used to perform the various tests, as well
as the characteristics and requirements of a good instrument, are also
discussed. The meaning of various pieces of data as well as the labo-
ratory methods used to obtain this information is covered at length.
For example—how does peak power differ from rms power, and how
do the two differ from music power? Does the peak-power or music-
power specification have any significance, or is either one just a bigger
number than rms power used primarily for advertising purposes? Is
a damping factor of 20 more desirable than a damping factor of 4?

Answers to many questions are contained in this book, which is in-
tended for the technician, engineer, or audiophile. For maximum
benefit, a good working knowledge of electronics is desirable. Math-
ematics is used where required, but may be bypassed without loss of
continuity. Detailed deviations are relegated to the 13 appendices at
the end of the book, where they may be referred to as desired.

MANNIE HOrROWITZ
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CHAPTER 1

Instruments for the Laboratory

Several specialized pieces of equipment are used in the audio lab-
oratory, These include a low-distortion audio signal generator, a
square-wave generator, a harmonic-distortion meter, an intermodula-
tion-distortion meter, and sometimes a wow-and-flutter meter. More
general instruments found in practically every laboratory—audio or
otherwise—are a vom, a vtvm, an a-¢ vtvm, and an oscilloscope.

The various manufacturers supply each of these instruments in
different forms. The modes of operation and comparisons of the avail-
able types of instruments should help determine the reliability and
limits of a particular unit.

SIGNAL GENERATOR

A source of audio signal is essential in any laboratory dealing with
high-fidelity amplifiers. Because the characteristics of a sine wave are
easily defined and measured, a generator producing waveshapes of
this type has become the universal signal source.

An oscillator must meet several obvious basic requirements to be
suitable in high-fidelity test and design applications. These can be
enumerated briefly as follows:

1. The distortion should be low. A maximum overall harmonic dis-
tortion of (.1 percent between 20 Hz and 20 kHz is usually satis-
factory. The percentage of distortion acceptable is only a func-
tion of the severity of the test to be performed. Furthermore,
the distortion should not be substantially affected by the load
presented to the generator.

2. The available frequencies should range from a few hertz to sev-
eral hundred thousand hertz. This will provide the flexibility re-
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quired to check the rollofl characteristics of the amplifier at both
ends of the audio spectrum.

3. Frequency stability and calibration accuracy can be lumped to-
gether although they are in reality two individual characteristics.
Exact frequencies are required when checking marginal and
critical equipment, such as a tape deck. Large errors can also
result in incorrect filter measurements.

4. A reasonably flat output over the complete frequency range is
convenient. Absolute flatness is not required since the output
can (and should) be carefully monitored with a wide-range a-c
voltmeter or oscilloscope.

. A low output impedance is a necessity. A range of 600 to 1000
ohms is perfectly acceptable. The frequency-selective networks
should be independent of the output load.

6. Any hum present in the signal will be measured as distortion on
a harmonic-distortion meter. Hum and noise must be main-
tatned at a minimum, Hum specifications are usually stated as a
number of db below the full rated output. Absolute hum volt-
ages are not substantially affected by the setting of the output
control. The best signal-to-noise ratios are achieved at or near
the maximum setting of the output attenuator.

n

When extremely low-voltage signals are needed, a divider network
is usually placed at the output of the generator. The network shown
in Fig. 1-1 can be used effectively for the 2-mv, 1000-Hz signal usu-
ally required at the tape-head input of an amplifier. In this illustration
it is assumed that the maximum output at the generator terminals is
20 volts.

In order to minimize hum and noise pickup from nearby sources,
the leads of both resistors must be kept short, and the connecting
cables should be well shielded. Low-loss cable as well as a low-value
resistor in the bottom half of the divider network should be used to
minimize high-frequency attenuation. The output should be moni-
tored at the amplifier with an a-c meter. Hum may be due to the way
SIGNAL GENERATOR

AC VTVM
MONITORS
QUTPLT

Fig. 1-1. Divider network arranged to get
P < :
/ a 2-mv output with low noise and hum
s}

from a 20-volt signal source.
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the signal generator and monitoring a-¢ voltmeter are connected in
the circuit.

Let us assume that the signal generator is connected to the a-c
meter, as shown in Fig. 1-1. Usually these instruments are designed
so that the primary of neither power transformer is grounded to its
respective chassis. It is also expected that the cabinets of both units
will be “floating.” This is not the case. The instrument’s chassis and
cabinets arc at some actual fixed potential with respect to the line.
The capacity between the transformer windings and the chassis is at
a fixed potential with respect to the line because of the power-trans-
former sccondary. The two chassis and cabinets (signal generator and
monitoring a-c voltmeter) are connected together through these ca-
pacitive couplings to the common a-c line. If the two cabinets should
touch, a loop is formed with the a-c line. The alternating current in
this loop is induced into the signal leads, causing hum in the signal.
Separating the two instruments will eliminate this loop and the result-

ing hum. COMPLETION OF POS TIVE FEEDBACK LOOP

N[S‘T{L%E{Tw% AMPLIFIER
Fig. 1-2. Conventional audie- WORK "0" | npyt|  PROVIDING  |gureuT
° . IR . e QR MULTIPLE L MULTIPLES OF
oscillator schematic. OF 21 PHASE 21 PHASE SHIFT
SHIFT AND GAIN

Another possible source of hum can be the loop formed when the
two chassis are connected, and when the commons of the two instru-
ments are joined by leads. This also forms a complete loop susceptible
to induced hum. Whatever the cause, the cabinets or chassis of both
instruments should be separated physically—they must not touch each
other.

The basic component of an oscillator is an amplifier, as shown in
Fig. 1-2. Positive feedback around the amplifier causes the circuit to
oscillate. A frequency-selective network inserted in either the ampli-
fier or feedback loop determines the frequency of oscillation. Any
properly arranged and proporticned amplifier circuit will oscillate if
several criteria are satisfied.

1. At the frequency of oscillation, the amplifier and feedback net-
work must have a phase shift of zero (or multiples of 2m).

2. The gain of the overall circuit (amplifier and feedback factor)
must be equal to or greater than 1. This is referred to as the
Barkhausen criterion.

3. The output voltage is limited by the nonlincarity of the ampli-
fier.



The conventional audio oscillator uses the Wien-bridge circuit
shown in Fig. 1-3 as the frequency-selecting network. The amplifier
output, Ey,, is fed to the input of the bridge. The output voltage, E,u,
from the bridge is fed to the input of the amplifier, completing the
positive feedback loop.

/\ selective network.

In order to satisfy Criterion 1, at the oscillating frequency, Eu.
must be in phase with E;,. That this is true can be surmised from the
mathematical proof in Appendix A,

From bridge theory, we know that when the bridge is balanced,
there will be zero voltage at E,,.. For the oscillator to operate, E,.
must not be equal to zero. Therefore, the bridge is slightly unbalanced
when it is used in an oscillator circuit. Ordinarily, R./(R; + R.) =
Zo/(Zy + Z2) = V5. When the bridge is slightly unbalanced, the ratio
of Ro/(R, + R.) is made slightly smaller than Y3,

The circuit has been used fairly consistently in many commercial
audio signal generators, as illustrated by the circuit shown in Fig. 1-4.
Here the voltage E;, is fed from the output of V2 and the voltage E,u

FEEDBACK LOOP

o
auTPuT

e ok

IL
11

Fig. 1-4. Wien bridge used in commercial signal generators,

y Fig. 1-3, Wien bridge used as frequency-



is applied between the cathode and the grid of V1. The two capacitors
in the Z1 and Z2 arms are varied simultaneously to maintain r-c re-
lationships with their respective resistors. In this way, phase shift is
avoided while the required frequency is being selected, The R com-
ponents of Z1 and Z2 are changed when different ranges are needed.
A variable resistor in the form of a lamp filament is substituted for
R2. This is done to maintain amplitude stability over the various
switched ranges, as well as to guard against variations due to com-
ponent aging. R1 serves a dual function. First, it completes the bridge
circuit. Second, it is incorporated in a negative-feedback loop from
the plate of V2 to the cathode of V1, reducing distortion and main-
taining stability with tube variations. R1 is adjusted for the best wave-
form.

Another frequency-selective circuit which is used in many com-
merically available oscillators is the bridged-T network. Although it
is characterized by low distortion and good stability, there has been
some tendency toward the Wien-bridge configuration because of the
somewhat more practical value of the resistors used. In reality, there
is no basic advantage of one circuit over the other insofar as perform-
ance is concerned.

There are frequency limits imposed on the Wien-bridge oscillator
by its very nature. At high frequencies, the resistors in the bridge
arms are too small. They load the output tube excessively as well as
introduce phase shift. The lower frequencies are limited by the prac-
tical size of the capacitors, C, and the resistors, R. Too high a resistor
in the Z2 arm may overbias the grid of V1 because of grid-leak
action, as well as make the circuit susceptible to stray-field pickup.

The sine-wave output from the signal generator can easily be con-
verted into a square-wave signal, useful for many audio tests. The
circuit shown in Fig. 1-5 is commercially feasible. On the positive
half-cycle of the sine wave, grid current flows through R1 and R2.
The voltage across R2 acts as a fixed bias for the diode formed by
the grid and cathode of V1. The equivalent circuit of this is shown
in the diode circuit in Fig, 1-5. When the signal is applied to the
diode, only the positive peaks of the signal will be sufficient to over-
come the bias voltage and cause the diode to conduct. The conducting
diode will be a short for these peaks, resulting in a clipped positive
portion, This clipped form will appear at the grid of V1, where it is
amplified. The tube clips the negative portion when the high bias
voltage drives it to cutoff.

The phase of the signal has been shifted 180 degrees in the plate
of V1. The signal is fed to V2, which is cut off for a portion of the
cycle, and the negative end of the signal is clipped. The rise time is
good because the signal has gone through two stages of amplification
and clipping.

11



WAVE WAVE
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Ir
R2
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V1 W2
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s - i
Rl k3 :E
! Wi |
S INE L L el I SQUARE

CATHODE OF W1

EQUIVALENT DIODE CIRCUIT OF A GRID AND CATHODE OF V1
Fig. 1-5. Circuit used to convert a sine wave into a sguare wave.

Other and more direct means are frequently employed to get a
square wave. The popular multivibrator circuit shown in Fig. 1-6 is
quite common. Here, one tube or transistor conducts while the second
tube or transistor is driven to cutofl, The frequency is determined by
the time the voltages across the capacitors take to leak off through
the associated grid- or base-circuit resistors, and by the voltage re-
quired to cut off the amplifying devices. Symmetrical signals are ob-
tained if both r-c pairs are equal. Excellent rise time and good square
waveforms can be obtained using either configuration.

IL 1L
4] 14]

Be *
BASE BIAS

(A) Tube circuit. : (B) Tramsistor circuit.

Fig. 1-6. Multivibrator circuit used to generate a square wave.
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HARMONIC-DISTORTION METER

The details of the Wien-bridge circuit can be applied to harmonic-
distortion meters as well as to audio oscillators. The operation of a
conventional distortion meter is straightforward. The complete signal
is fed from the audio amplifier under test to a meter, and the voltage
is measured. The fundamental is eliminated from the signal under
test, with the result that only harmonics remain. These are now mea-
sured on the same voltmeter. The ratio of the harmonics to the total
voltage is the amount of distortion in the signal being tested. The
Wien bridge is often used as the selective network for the elimination
of the fundamental component.

OUTPUT TO METER

Fig. 1-7. Wien bridge used in
distortion analyzers.

EIN SIGNAL UNDER TEST

The circuit in Fig. 1-7 shows how the Wien bridge eliminates the
fundamental frequency while passing the harmonics. Unlike the cir-
cuit used in a signal generator, the bridge is completely balanced for
the fundamental frequency, f, = ¥2 & rc. Then Z1/Z2 = R1/R2. Un-
der this condition, E,,, = 0 for the fundamental (f,) frequency. It is
not zero at all other frequencies because of phase shift in the bridge.
Thus, these harmonic voltages are passed on to the next tube. It is
interesting to note that E,, is frequently obtained from a cathode fel-
lower and that there is a considerable amount of feedback around the
bridge circuit. These are important in increasing the rejection of the
fundamental frequency.

A variation of this is shown in Fig. 1-8, where a phase splitter
drives the circuit. As indicated in the discussion of the oscillator, the
ratio of Z1 to Z2 is 1:3. Thus, if voltages of proper bucking phase,
but of this 1:3 amplitude ratio, are fed to this network, there will be
a null between the junction of Z2 and ground at the fundamental fre-
quency, f,, only, while all other frequencies will be passed. This
method is inferior to the bridge circuit because the null cannot be
quite so pronounced.



Using an instrument employing either circuit can be misleading
unless the resulting harmonics are observed on an oscilloscope. The
meter measures everything except the fundamental. The reading will
include hum along with the harmonics. The significance of the hum,
as well as the frequency of the undesirable harmonics, can be ob-
served and evaluated on the scope.

:

21
t Fig. 1-8. Phase splitter drives dividing net-

work to get proper voltage ratio and zero
T—. our

output when W = 1/RC.

The characteristics of a good harmonic-distortion meter are many,
but a few are quite significant to the operator.

1. The instrument must be capable of measuring harmonics of
fundamental frequencies from 20 Hz to 20 kHz. The voltmeter
must then be capable of linear response to at least 60 kHz.

2. The fundamental frequency must be reduced considerably. For
measurements with up to 0.1-percent distortion, the fundamen-
tal must be down about 80 db, However, the closest harmonics,
such as the second, should not be reduced by more than 3 db.
This is best achieved when the bridge circuit in Fig. 1-7 is used.

3. The instrument must introduce only negligible amounts of dis-
tortion and hum.

4. It should be sensitive enough to read 0.I-percent distortion on
a l-volt signal with reasonable accuracy.

A better method of measuring distortion requires the use of a wave
analyzer. Here, a voltmeter measures the relative harmonic compo-
nents in the signal. Thus, the amount of second- or third-harmonic
component is checked, rather than the composite sum of all compo-
nents. In this type of instrument, only one frequency component at
a time is fed to, and read on, the voltage-measuring instrument.

Although harmonic-distortion characteristics are practically always
stated in the list of audio-amplifier specifications, intermodulation-
distortion measurements have gained in significance because of the
excellent correlation with actual listening tests.
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To test intermodulation distortion, two signals of different ampli-
tude and frequency are passed through the amplifier under test. These
two signals will appear at the output of an undistorted amplifier. If
nonlinearity does exist in the unit under test, the two input signals
will heterodyne and produce sum and difference frequencies along
with the original two frequencies.

The conventional intermodulation-distortion meter supplies these
two signals in a 4-to-1 amplitude ratio. The frequencies commonly
used are 60 Hz and 7000 Hz respectively. Two methods are generally
used to combine these frequencies in the analyzer before they are fed
to the amplifier. The first mixes the two frequencies in the type of
adding network shown in Fig. 1-9A. The combined signal appears
across the potentiometer. A second method, shown in Fig. 1-9B, uses
a bridge for mixing.

Hz ——WWA— 7000 kH2
7000 kHz —WWA—+ OUTRUT
Rl R3
be—— 60 Hz
B2 ol QUTPUT
(A} Adding network. {B) Bridge netwark.

Fig. 1-9. Network for mixing two frequencies.

The latter configuration is usually preferred because in the first
method the signals can interact with each other. A second factor in
favor of the balanced bridge is that it isolates the two signals. Balance
is maintained when all resistors retain the proper relationship to each
other. The signal must be attenuated by means of a T-pad at the out-
put, so that R4 will maintain its resistance regardless of the amplitude
required at the output. The bridge will then be balanced at any output
level.

Operation of the rest of the instrument is straightforward. The
combined signal is connected to the input of an amplifier. The output
from the amplifier is sent through a high-pass filter, eliminating the
60-Hz component. If the amplifier has introduced distortion, the re-
maining 7000 Hz will appear to be modulated by a low frequency.
The amplitude of the total modulated 7000-Hz signal is measured.
The signal is then detected with only the modulating frequency re-
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maining. This is in turn measured and compared with the amplitude
of the 7000 Hz. The ratio of the two is the percentage of intermodu-
lation distortion.

This section of the analyzer is quite important. The accuracy of
the measuring instrument and the quality of the filters determine the
validity of the measurements. Low-hum circuitry is necessary to elim-
inate any stray signals. The analyzer input impedance must be rel-
atively high (500,000 ohms will do) to avoid putling an excessive
load on any preamplifier under test.

THE OSCILLOSCOPE

The oscilloscope is a visual voltmeter used to observe the output
of the equipment under test, Unfortunately, low percentages of distor-
tion are not too obvious on the scope screen, and the measuring in-
struments described previously must be used. A scope display can
be used as an effective indication of some amplifier characteristics.
It can also supplement the information gained from other instruments.

The heart of the oscilloscope is the cathode-ray tube. In this tube,
a potential difference between the cathode and one of the other elec-
trodes starts the electrons in motion toward the fluorescent screen.
The groups of deflection plates are arranged so that each pair is per-
pendicular to the other. A potential applied to these individual pairs
of plates deflects the electron stream. The horizontal pair of plates
deflects the clectron stream vertically toward the more positive of
the two plates. The vertical pair of plates provides the equivalent hor-
izontal deflection. The electron stream hits the screen, causing the
fluorescent material to glow. Under proper conditions, the waveshapes
applied to the deflection plates will appear on the screen.

The amount of deflection on the screen is determined by the sensi-
tivity of the cathode-ray tube. This is usually stated in inches or centi-
meters of deflection per volt, The sensitivity of the scope can be in-
creased by providing voltage amplification. Amplifiers employed in
a scope useful in audio testing procedures must provide linear re-
sponse from d-c to about 500 kHz. They should also respond faith-
fully to square waveforms and present no phase shift over much of
the range. The sensitivity should be great enough to show the hum
components present in a piece of audio equipment—10 millivolts per
inch should be a satisfactory sensitivity after amplification.

The vertical amplifier is the more critical of the two, although the
horizontal amplifier must also be undistorted and have a wide fre-
quency range. The horizontal amplifier need not have flat response
at the extremes. To display a two-dimensional signal on the screen,
a varying voltage must be applied to the horizontal as well as to the
vertical plates. A sawtooth signal is applied to the horizontal amplifier
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so that the vertically applied signal may be swept across the screen.
This sawtooth must be linear and variable to about 100 kHz to be
capable of displaying any signal significant in audio tests.

In general, a good scope has a thin, bright trace; the sweep oscil-
lator is easy to synchronize with the incoming signal and will usually
provide a signal of known amplitude to enable easy calibration of the
screen in volts per inch or centimeter of deflection.

Variations have appeared by the dozens. One of the most useful
is the dual-trace scope for displaying two signals at one time. This
is particularly applicable in stereo tests. A dual-trace scope usually
has a self-contained multivibrator in the form of an electronic switch.
The scope alternately sweeps two signals applied at the input and
displays them in sequence on the screen. The persistence of the fluo-
rescent material makes both traces appear as though they are being
viewed simultaneously at different vertical positions on the face of
the cathode-ray tube.

Dual-trace scopes can also be made using special dual-beam tubes.
There are two completely independent sets of electron guns and de-
flection plates. Two independent amplifiers are built into the oscil-
loscope. One amplifier sets up the voltages at one pair of deflection
plates, and the second amplifier is for the second pair of deflection
plates.

A-C VOLTMETER

The a-c voltmeter was mentioned throughout this discussion in
several different applications. It is the basic instrument in any test
setup. All available a-c voltmeters fall roughly into two groups. The
most common type consists of a wide-band a-c amplifier. Its output
is rectified and fed to a d-c meter movement. Although these meters
are calibrated in sinusoidal rms voltage, they are actually sensitive to
the average values.

A second and less expensive type peak-rectifies the signal. The
resulting d-c voltage is then fed to a d-c amplifier or bridge. Once
again the scale is calibrated in rms, but this time the unit is sensitive
to peaks. A variation of this is the peak-to-peak reading voltmeter.
Both units are useful in the laboratory. The latter types are relatively
insensitive and are frequently incorporated as a portion of a general
vtvm used for checking d-c voltages and resistance along with the a-c
ranges.

The former type usually consists of several amplifier stages. Feed-
back is provided through the meter circuit, around all of these stages.
This contributes considerably to stability, linearity, and wide fre-
quency tange. The power supplies must be well regulated to avoid
reading variations due to line-voltage fluctuations.

17



The second type of meter can also have many variations. One form
of peak-reading meter circuit is shown in Fig. 1-10. Here, the applied
voltage is rectified and the ripple passes through resistor R during
positive portions of the cycle. Capacitor C smooths out this ripple so
that only the peaks remain. This circuit may be used as the rectifying

A-C »lt
L}

L T0D-C
B METER

1!

Rg C

Fig. 1-10. Peak-reading circuit far use with

d-c meter.

QUTPUT FROM PEAK RECTIFIER

EANANANE

circuit for the a-c ranges, and can be included as part of any d-c vtvmn.

The peak-to-peak reading meter is most useful in audio work. A
circuit of this type appears in Fig. 1-11. The operation is fairly obvi-
ous. During the positive half-cycle, diode D1 conducts and a d-c
voltage is built up on Cl, as shown. During the negative half-cycle,
the negative portion of the cycle is added to the voltage across Cl,
through D2. The sum of these appears across C2 and R, and in turn
is fed to the d-c meter.

The meter movement can be designed into a d-¢ amplifier bridge
circuit, as shown in Fig. [-12. When the currents through both tubes
are equal, the meter reads zero. The currents are adjusted by varying

cl 02

= TR
S L

ny c = R $ T00-C (A) To be read on d-c meter,
+

o SO
+— <]
oz
bl
o= 2
of e 2h
_ +i
(B) Conditions during positive half (C) Conditions during negative half
of cycle. of eycle.

Fig. 1-11. Peak-to-peak oulput circuit.
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Fig. 1-12. A d-c reading meter in 0-C INPUT

a balanced circuit. I

resistor R in the cathodes. This resistor adjusts the relative bias on
the two tubes and, conscquently, the relative plate (or cathode) cur-
rents. Once adjusted, an unknown d-c input signal upsets the bias on
the first triode only, resulting in a deflection of the meter.

Both types of meters are useful. The average-reading type is usually
more accurate and more stable. For this reason, it should be used for
monitoring the input signal to, and the output signal from, the ampli-
fier under test. The peak-to-peak reading type is useful for measuring
peak amplifier outputs. One note of caution: ordinary vom’s are fre-
quently provided with a-c scales. Often these scales are nonlinear
because the rectifiers in the vom are frequency-sensitive. Thus, the
vom should not be used where accuracy is essential.

THE FLUTTER METER

The flutter meter is not an audio instrument in the conventional
sense of the term. However, because tape recorders and phono turn-
tables are important parts of an audio system, this type of instrument
has become most common in the audio laboratory.

Flutter and wow are variations in the speed. For testing tape re-
corders, a steady single frequency, usually 3000 Hz, is recorded on
tape. A speed variation appears as a frequency variation around 3000
Hz, which is not unlike in the frequency-modulated signal. When the
test tape is played on a tape machine, the output signal of the machine
is passed through a filter where all frequencies except the 3000 Hz
pass through. The remaining signal is then f-m detected and read on
an ordinary a-c voltmeter.

Once again, there are several important characteristics of a good
instrument. First, the filters must be sharp. The circuit must eliminate
all extraneous amplitude variations to prevent them from affecting
the final reading. Filters should be provided to separate the wow
(slow-speed variations) components from the flutter (rapid-speed
variations) components, As always, the power supply must be ex-
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tremely well regulated to avoid reading variations with line fluctua-
tions,

Other instruments which are useful and are basic components in
most laboratories are the tube tester, the capacitance bridge, the in-
ductance bridge, and the vom. Discussion of these might be of inter-
est, but their application to actual audio measurements on audio
equipment is strictly limited.
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CHAPTER 2

Frequency-Response Specification

The first characteristic most likely to be recognized by the audio-
phile in relation to an audic amplifier is frequency response—which
can be defined as the relative gain of the unit over a range of frequen-
cies. The significance of this yardstick has not waned with time, but
other amplifier characteristics have assumed a place of equal impor-
tance.

The importance of a flat frequency characteristic requires little dis-
cussion. It is quite obvious that for accurate sound reproduction, all
frequencies should be given “equal opportunity.” Any frequency pre-
sented to the input of an amplifier should be amplified the same
amount as any other frequency simultaneously presented at the same
input. There are several important exceptions to this ideal.

The output from an equalized phonograph or tape-head preampli-
fier is not uniform; records and tapes are recorded to adhere to a
specific curve wherein some frequencies range. During playback, the
amplifier must compensate for these frequencies in order to provide
an overall flat response from the source (phonograph record or pre-
recorded tape), the transducer, and the amplifier. In this chapter the
measurements of frequency response from the tuner input of the pre-
amplifier through the power-output section will be discussed. The
characteristic must be reasonably flat when only these sections are
considered.

Another consideration is the frequency range desired from the am-
plifier in question. While many units will have a flat response to sev-
eral octaves on either side of the audio spectrum (assumed here to be
20 Hz to 20 kHz), some amplifiers are designed for limited band-
width in the interest of increased stability and reduced noise. The
latter factor is especially true in transistorized units, where bandwidth
limitations are required to keep noise measurements comparable with
actual audible noise reproduction. Frequency response is usually
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measured in decibels (db) although it can also be measured in terms
of voltage or power. In the latter cases, the numbers would become
astronomical.

DECIBEL
The decibel is defined by the simple equation:
db = 10 log,, P./P, (2-1)

where P, is the output power from an amplifier and P; is the input
power. Putting this equation into another form, with the logarith-
mic base being 10, yields:

db=10log P, — 10 log P; (2-2)

During the frequency-response check, the voltages (V) fed to the
amplifier must be maintained at a constant level for all frequencies.
It is assumed that the input impedance (R;) of the amplifier is not
frequency-sensitive. The latter condition can be assured by feeding
the signal from the low-impedance source. The input power, Py, is
thus constant at all frequencies because it is equal to V*/R,, two
constants. The term 10 log Py in the next equation, 2-3, can be re-
placed by a constant. We will call this constant K.

In these tests, all measurements revolve about the 10 log P, term.
[n the actual test procedure, the K term is adjusted for a specific
power reading at the output of an amplifier, for some frequency in
the middle of the audio range. The central frequency is usually 1000
Hz or 400 Hz. Ten times the log of the output power at all other
frequencies is compared with this reading at 1000 or 400 Hz. In the
following discussion, 1000 Hz is used as the reference frequency, “db
(1000 Hz)" is the gain at 1000 Hz, and “db (100 Hz)" is the gain
at 100 Hz. Similarly, “10 log P, (1000 Hz)" is 10 times the log of
the output power at 1000 Hz. At 100 Hz, the expression becomes
“10 log P, (100 Hz).”

The equation for gain at 1000 Hz is:

db (1000 Hz) = 10log P, (1000 Hz) — K (2-3)

As an example, let us find the difference in gain (in db) at 100 and
1000 Hz. First, write the counterpart of the above equation 2-3 for
100 Hz:

db (100 Hz) = 10 log P, (100 Hz) — K (2-4)

The db variation at 100 Hz from the reading at 1000 Hz is found
by subtracting equation 2-3 from equation 2-4 if the gain at 100 Hz
is greater than the gain at 1000 Hz, or subtracting equation 2-4 from
equation 2-3 if the gain at 1000 Hz is greater than the gain at 100 Hz.
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Subtracting equation 2-4 from 2-3, as follows:

db (1000 Hz) = 10 log P, (1000 Hz) — K
~ [db (100 Hz) = 10 log P, (100 Hz) — K]

results in the following expression.

db (1000 Hz) — db (100 Hz) = 10 log P, (1000 Hz)
— 101log P, (100 Hz) (2-5)

The input term drops out in the final equation. The resulting equa-
tion involves only the deviation of the log of the output power at 100
Hz from the log of the output power at 1000 Hz.

Another way of cxpressing the difference in gain at 1000 Hz and
100 Hz, is:

P,(100 Hz) (2:6)
where A db is the difference in gain between 1000 and 100 Hz.

The measuring circuit at the output of an amplifier takes the form
shown in Fig. 2-1. The output power is developed across a load re-
sistor, Ry, and measured on a wide-frequency-range a-c¢ voltmeter.
The power across the resistor is, of course V,2/R;, where V, is the
output voltage reading on the a-c meter.

A straightforward procedure consists of measuring the output volt-
ages at 100 and 1000 Hz, calculating the power at each frequency
from V,2/R., and substituting these into equation 2-6 to determine
the db difference at the two frequencies. Converting the equation to
read directly in voltage would be much simpler, saving two calcula-
tions.

Consider the output power at 1000 Hz to be equal to P, (1000 Hz)
= V,? (1000 Hz) /R, and the output power at 100 Hz to be equal to
P, (100 Hz) = V,* (100 Hz)/R,. Substituting these into equation
2-6 would yield:

Adb= 1010z (P., (1000 Hz ))

V.# (1000 Hz) /R,
V.* (100 Hz) /R,
V., (1000 Hz)\?
V, (100 Hz)

V, (1000 Hz)
V., (100 Hz)

A db=101log
= lOlog(

=20 log (2-7)

Equation 2-7 can be used, assuming that Ry at 1000 Hz is equal
to Ry, at 100 Hz. This is generally true if the load resistor used in the
test is noninductive. This formula does not hold true if a speaker load
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is used, for the load varies with frequency. All tests on amplifiers are
made assuming a constant load at the output for all frequencies.

In equation 2-7, db is expressed as a ratio of two voltages. If one
voltage is known, A db can be calculated for any other voltage from
the equation. These db values, representing different relative voltages,
can be printed on the meter face and read directly as in Fig. 2-2.

LoAD
RESISTOR /7\

iz I i Fig. 2-1. Output-measuring circuit.
AMPLIFIER Rt

Reading db variation on this scale is obvious. Set the output for
0 db at 1000 Hz on a convenient range. Read the deviation from this
0 db at any other frequency, directly on the scale. If the voltage is on
the next higher range, add 10 db to the original reading; if you
must switch to the next lower range, subtract 10 db. Every time you
switch from the original reference range, you either add or subtract
10 db per range, depending on whether the output is higher or lower
than the original. If you use other than the O db as the reference volt-
age, all other readings must be referred to this new reference as if
it were O db. Thus, if —2 db were the reference reading at 1000 Hz,
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Courtesy Eico Electronic Instrument Co., Inc.
Fig. 2-2. Standard meter face.
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a —4-db reading at 100 Hz indicates a loss in gain of 2 db, and a
+2-db rcading at 10 Hz indicates an increase of 4 db.

Several factors may be observed when comparing the voltage and
db scales. Doubling the voltage is the same as a 6-db increase, while
cutting the voltage in half is a 6-db decrease. Doubling the doubled
voltage indicates a second 6-db increase, or a total of 12 db more
than the original. Doubling the original voltage three times indicates
an 18-db increase over the original reading (6 db + 6 db + 6 db).
A voltage factor of 10 is a change of 20 db. A value of 26 db (20 db
+ 6 db) indicates a voltage multiplication of 20: a multiplication by
10 is 20 db, and a multiplication by 2 1s 6 db, and 2 x 10 = 20, or

&L VOLTS

i
NS g oy

Fig. 2-3. Logarithmically expanded scale.

6 db + 20 db = 26 db. While numbers are multiplicd, the db factors
are added.

Another type of a-c meter, extremely popular in the audio field,
uses a suppressed-zero movement, as shown in Fig. 2-3. The voltage
scale does not start with zero and is essentially logarithmic. Each
time the range is switched, it represents a change of 20 db rather than
the 10 db of the instrument used with Fig. 2-2.

THE MEASURING CIRCUIT

As indicated, the first step in measuring the relative gain or fre-
quency response is to maintain a constant input voltage at all fre-
quencies. As shown in Fig. 2-4, a meter is connected at the input to
the amplifier to monitor the voltage fed from the signal generator.
The output from the generator should be readjusted or checked ecach
time the frequency is changed, to maintain the input to the amplifier
(as read on the input meter) constant at all frequencies.

Feed the signal from the oscillator to an unequalized input on the
amplifier. This is usually marked “tuper” or “‘auxiliary.” Adjust all
controls on the amplifier to get an optimum flat response. If a pre-
amplifier is involved, the tone controls, loudness or contour controls,
and the scratch and rumble filters are all set so that there is no com-
pensation introduced. Turn all level controls to their maximum output
position,
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Fig. 2-4. Circuit used for measuring frequency response.

A level control can be considered as a resistive voltage divider, as
shown in Fig. 1-5. A more exact representation of the level control
as it is commonly used in the grid circuit of a vacuum tube is shown
in Fig. 2-5B. C represents the total capacity between the grid and
cathode. It is equal to the grid-to-cathede capacity added to the prod-
uct of (K + 1) and the grid-to-plate capacity (Miller effect). K is
the gain of the tube. Transistor units are also subject to the Miller
effect. In the common-emitter mode of operation, the total input
capacity is approximately equal to the base-emitter capacity added to
the product of the voltage gain +1 (K 4+ 1) of the circuit and the
base-to-collector capacity of the transistor.

It can be shown from Fig. 2-5B that the high-frequency response
is a function of the control setting. The derivation of this is delegated
to Appendix B. It proves that the frequency response is a function of
the relative values of R1 and R2.

\_\Rl
E E £ R £ v Egur
IN ouT IN C IN Rz{ N
o T T'

(A} Representation of a (B) Representation of a (C) A balance control in

level control in a circuit, level control in a stereo circuit,
a conventional
stereo circuit,

Fig. 2-5. ldeal level control.

This situation is even more serious in stereo amplifiers. A potenti-
ometer is usually placed in series with e;,, used for balance between
the two channels. The frequency response must roll off at the upper
end of the band when this configuration exists, because R3 in Fig.
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2-5C behaves as if it were part of R1. In testing this type of amplifier,
it is proper to set the level controls at maximum, and the balance
control for equal output from both channels. The response cannot be
as flat at the upper end of the band as was the case with monophonic
units. Because the rolloff is slow and usually starts at about 10 kHz,
the effect will probably not be audible,

Continuing with the mechanical features of the test procedure,
choose a convenient output impedance on the power amplifier and
place the load resistor across it. The 8-ohm output terminals are
usually used. Connect an 8-ohm, 25 watt, noninductive resistor across
these terminals. The power developed across this resistor is measured
in terms of voltage on a wide-range a-c voltmeter placed across this
resistor, (The readings may be converted to power if desired, using
the V2/R formula, where R-8 in the example cited.) Place a scope
across the load resistor. This last step does not result in actual data,
but is required for monitoring the waveshape. An essentially sinus-
oidal output is required if the meter readings are to be significant.

The actual readings can now be made. Set the signal generator for
a specific reading on the db meter at 1000 Hz. Switch to all other sig-
nificant frequencies (from 10 Hz to 40 kHz or more) and read the
deviation from the original db setting. It must be remembered that
the measurement is for frequency responsc—not power response. The
output must be adjusted so that the signal will not distort at any fre-
quency under test. A l-watt level is usually satisfactory. When the
signal begins to distort, the reading is no longer valid. Start the test
again at some lower output and repeat the measurements. Only then
can you be certain that you are reading frequency response rather

than power response.

SQUARE WAVE FED TO INSUFFICIENT LOW-
AN AMPLIFIER FREQUENCY GAIN EXCESS LOW-
FREQUENCY GAIN
HIGH FREQUENCY EXCESS HIGH-FREQUENCY LOW-FREQUENCY
ROLL OFF GAIN WITH RINGING PHASE SHIFT

[ ™
Ll

Fig. 2-6. Testing with a square wave.
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The frequency response should be a smooth curve over the com-
plete range. Any peaks are usually an indication of a tendency toward
instability. Peaks (of about 2 db or more) within the audible range
of 20 Hz to 20 kHz add undesired effects to the reproduced sound.
The much disputed “presence peak™ at about 2000 Hz is said to add
to the realism—but the purist will certainly disagree.

A square-wave test can provide a rough indication of the frequency
response. Fig. 2-6 illustrates how an amplifier may affect a square
wave. Tilt and other variations of the waveshape are possible and
may be observed, but they have more significance in describing the
phase shift rather than the frequency response. The rise time of a
square wave is a fairly accurate check on the upper limit of an ampli-
fier’s frequency response. A high-frequency square wave is illustrated
in Fig. 2-7. This may be considered as the form assumed after having
passed through an amplifier. It is actually a plot of output voltage
against time.

The theoretical square wave has a zero rise-time—that is, it takes
zero time for the voltage to rise from zero to maximum. However,
when a square-wave signal is sent through an amplifier, a finite length
of time will elapse from the instant the rise starts until the peak out-
put voltage is reached. This is due to limited bandwidth. This passage
of time will elapse from the instant the rise starts until the peak out-
ventionally defined as the time the signal takes to rise from 10 to 90
percent of its final value. The passage of time is shown at T, and t;
in Fig. 2-7.
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The relationship between the high-frequency limit and rise time
can be found from the equation.

f= OI—BS (2-8)
where,
t. is the rise time,
f is the frequency at which the high frequency has rolled off 3 db.
Equation 2-8 is proven in Appendix C.
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The rolloff curve with respect to the 3-db point is shown in Fig.
2-8. Note that after the response has dropped 12 db, it continues to
decrease by a fixed 6 db per octave or 20 db per decade. Unfortu-
nately, the rise-time measurement cannot be readily made on all oscil-
loscopes found in the average laboratory; it must be made on scopes
in which the horizontal axis has been calibrated in time. Only on
these more expensive types of equipment can this test be made ac-
curately.
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Fig. 2-8. High-frequency roll-off curve of an r-c network,

While on the topic of scopes and square waves, it should be noted
that not all oscilloscopes are capable of properly reproducing square
waves. Wide-band d-¢ scopes best suit the task of observing all kinds
of square-wave responscs.

MEASURING PREAMPLIFIERS

In general, the test procedure and setup for measuring a pream-
plifier is identical to that shown in Fig. 2-4. One important exception
must be considered. An 8-ohm load has been placed at the output
of the power amplifier. This is an extremely low impedance. Any
normal capacitance due to instruments such as the a-c voltmeter,
oscilloscope, distortion analyzer, and so on, is negligible.

The output of a preamplifier is at a relatively high impedance. It
should be loaded by a 100,000-ohm resistor in parallel with a 1000-
pfd capacitor. The capacitance due to the instruments as well as the
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connecting leads may have a considerable effect on the frequency
response. For this reason, all instruments not actually involved in
the test should be disconnected. The connecting leads should be made
of low-impedance single-conductor shielded cable, and kept as short
as practicable.

Frequency response is an extremely important characteristic of an
amplifier, but it should be considered in its true perspective. Just as
a wide frequency response does not necessarily indicate an excellent
unit, a limited bandwidth does not necessarily indicate a poor ampli-
fier. Either extreme can be a detriment as well as a benefit. A good
design is concerned with all factors, and the best compromise is
achieved only after everything involved in proper audio reproduction
is considered.
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CHAPTER 3

Measuring and Matching
the Phono Equalization Curve

Phonograph cartridges may be divided into two major categories.
One type produces an output voltage proportional to the amplitude
of the signal recorded on a disc. The second, and probably the more
popular with audiophiles, provides a signal dependent on the velocity
of the stylus in the recorded groove. In each category there can be
found good-quality and poor-quality units for both stereo and mon-
aural,

RECORDINGS AND CARTRIDGES

Group | contains crystal, ceramic, and semiconductor types. Their
output is proportional to the recorded amplitude in the record groove.
All frequencies recorded with equal amplitudes would theoretically
produce constant voltages at the terminals of the cartridge. If the re-
corded amplitude were doubled at any frequency, the output voltage
would also double, depending on the quality of the specific cartridge
and the amplifier circuitry provided for reproduction.

Velocity-sensitive phonograph cartridges in group 2 are exempli-
fied by magnetic (variable-reluctance or moving-coil) pickups. The
output voltages they produce can be understood with the help of
Fig. 3-1. Assume the frequency of recorded signal A is 1000 Hz and
that of recorded signal B is 2000 Hz. Both signals have been recorded
with equal amplitudes in the record groove. The stylus must travel
twice the distance to trace curve B as it does to trace curve A. The
output from curve B will be double that of curve A, despite identical
recorded amplitudes, because the stylus traveled twice the distance
during the same interval. From this it can readily be inferred that
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Fig. 3-1. Signal recorded in grooves,

during reproduction, the output voltage i1s proportional to the fre-
quency, assuming a constant recorded amplitude.

The velocity-type cutter is generally used to record discs. The
voltage applied to record signal B must be double that used for signal
A, if both are to have the same groove amplitude on the recorded
disc. Stated more analytically, to record a constant amplitude using
a velocity-type recording head, the voltage applied to the head must
vary directly with the recorded frequency,

Curve A-A in Fig. 3-2 shows the amplifier compensation required
for recording a uniform amplitude with a velocity-type cutter. Curve
B-B shows the equivalent curve required to reproduce the constant
recorded amplitude using a constant-velocity cartridge. One is the
mirror image of the other about the zero axis. Note its 6-db-per-
octave characteristic. For completeness, C-C is drawn as the record-
ing and reproducing curve using constant-amplitude cartridges.

Recordings can be made using either the constant-amplitude or
constant-velocity characteristic, or a combination of both. Assume for
the moment that only the constant-velocity characteristic were used
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Fig. 3-2. Theoretical curves required to record and reproduce constant amplitudes.
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and that voltages equal in amplitude at all frequencies were applied
to a constant-velocity type of recording cartridge. The recorded
groove swing would then vary inversely with the frequency as shown
in Fig. 3-3. The amplitude in the record groove would be much
greater at the low than at the high frequencies. Choosing two ex-
tremes of the audio band, the recorded amplitude at 30 Hz is 500
times that at 15 kHz,
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Fig. 3-3. Groove amplitude resulting from applying a constant voltage to a
velocity-type cutter.

This condition is intolerable for two rcasons. At the extreme low
frequencies, the record groove would be exceptionally wide. At the
high frequencies, the recorded amplitude would be too low to over-
ride the record surface noise. To overcome this, the RIAA (Record-
ing Industry Association of America) adopted the recording curve
shown in Fig. 3-4, which has become the standard of the industry,
Assume that the record amplifier has been designed to produce a
signal at the constant-velocity record head having the frequency re-
sponse of the curve shown in Fig. 3-4, If a uniform signal from 20 Hz
to 20 kHz is applied to the recording amplificr, the resulting groove
cut on the record will have constant amplitudes up to 500 Hz. This
limits the groove swings at the low frequencies. The constant-velocity
mede is used from 500 Hz to 2120 Hz. In this range, the groove
swings decrease with rising frequency. Above 2120 Hz, the constant-
amplitude characteristics take over to allow the high frequencies to
override record noise. Here, as below 500 Hz, a constant-amplitude
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groove is recorded for applied constant-amplitude voltages to the
record head. The resultant excursions in the recorded groove are
shown in Fig. 3-5.

I
+10 —
500
? *5 N
3 N
= N T
z N,
3 A
g | | N\
& 5 | .
= | | \\_
2120 B
_10 _—
|
2 1 4 5 2 H
20 100 1000 10000 20000

FREQUENCY IN CYCLES PER SECOND (HERTZ)

Fig. 3-5. Recorded amplitude resulting from constant-velocity cutter and RIAA
recording curve.
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Fig. 3-5 results from the following considerations. The recording-
amplifier compensation curve required to produce uniform groove ex-
cursions at all frequencies, using a velocity-type cartridge, must have
the rising characteristic of A-A in Fig. 3-2. This is the slope of the
constant-amplitude sections in Fig. 3-4. A constant-velocity section is
drawn between the two constant-amplitude sections, This requires no
record-amplifier compensation as it follows the natural characteristics
of the velocity-type record head, illustrated in Fig. 3-3. In this range,
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Fig. 3-6. RIAA playback curve.

recorded-groove excursions vary inversely with frequency. The net
recorded amplitude of the curve in Fig. 3-4 thus becomes the curve
in Fig. 3-5.

Reproducing records using a constant-velocity cartridge requires a
playback amplifier with the frequency-response curve being the mirror
image around the 0-db axis of the curve shown in Fig. 3-4. An exact
curye, with the corners rounded off, is drawn in Fig. 3-6. Adding the
curves in Figs. 3-4 and 3-6 (assuming the practical version of the
curve in Fig. 3-4 has rounded corners) will result in a flat output
along the 0-db axis. Obviously, to reproduce the input signal faith-
fully, there must be a uniform output from the playback preamplifier
for a uniform input to the record amplifier.

The setup shown in Fig. 3-7 is used for measuring the response of
the amplifier. A more complete test would include employing the par-
ticular cartridge to be used with the amplifier, as an integral part of
the test circuit.
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Fig. 3-7. Equipment setup for measuring the phono equalization curve.

CHECKING THE EQUALIZATION CURVE

In Fig. 3-7, a vtvm is shown monitoring the input to the amplifier.
If the sensitivity of the vtvm is insufficient when the vtvmn is con-
nected as shown, it may be connected directly to the generator, before
the divider network. The unit under test is assumed to be a preampli-
fier. Because of its relatively high output impedance, the connecting
leads to the output meter and scope should be of the low-capacitance
shielded type. The test instruments should present a low capacitance
to the preamplifier. If an integrated preamplifier-power amplifier were
under test, all that would be required is the use of a noninductive load
resistor at the output, replacing the parallel combination of the 100K
resistor and 1000-pf capacitor.

The aux input is asumed to encompass that portion of the pream-
plifier exhibiting a flat response (i.c., no equalization). Other inputs
with this characteristic may be labeled tuner or multiplex. The phono
channel performs two functions. First, it encompasses the amplifica-
tion necessary for the low-voltage output from the constant-velocity
cartridge. Next, it provides the equalization necessary for the partic-
ular cartridge.

In the test procedure, the output from the signal generator is first
fed to the aux input. A considerably reduced signal, attenuated by
the action of the 1000-chm to 10-ohm voltage divider, is then fed to
the phono input. If these resistive values load the audio generator
excessively, the resistors in the dividing network may be increased in
value proportionately. The desired signal level can be chosen using
the slide switch shown in the drawing.
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In most amplifiers, the phono and the aux grounds on the pre-
amplifier section are independent to prevent hum-sensitive loops from
being formed between these inputs. To avoid any upset of this condi-
tion and to maintain the independent ground returns built into the
amplifier, the ground lead from the signal generator should be
switched when the specific input and signal levels are chosen. This
is accomplished by using the slide switch.

For the actual check, use the following procedure to avoid false
measurements: Feed the signal to the aux input, and adjust all fre-
quency-compensating controls for a flat output. Switch to 30 Hz and
turn up the level control to the point before the preamplifier begins
to distort; then, note this reading, in db, on the output meter.

Now, feed 1000 Hz to the phono input. Set the level control on the
signal generator so that the meter at the output of the preamplifier
indicates some convenient point 19 to 25 db below the reading taken
abave at 30 Hz. This is the reference, or 0-db, level. Measurements
at all other frequencies are referred to this figure in terms of the num-
ber of db above or below this 0-db level.

Select several frequencies on the curve in Fig. 3-6. Set the generator
to each of these frequencies. The output from the generator must be
maintained at a constant level, as read on the input-monitoring meter.
Note the indication in db above and below the 1000-Hz reference fre-
quency. Compare these readings with the various points on the curve
in Fig. 3-6. A good amplifier follows this curve with less than 2-db
variation.

A more precise test includes the inductive effects of the cartridge
to be used with the system. This factor becomes more critical when
the cartridge is loaded by an impedance other than that prescribed
by the cartridge manufacturer. When the preamplifier under test is
transistorized, the inductive effect of the cartridge must be considered
in the measurements,

Proper measurements will result only if the cartridge is placed in
series with the phono output from the generator. Excessive high-fre-
quency rolloff (possibly due to capacitance in the lead between the
cartridge and the preamp) can then be adjusted reasonably well by
increasing the value of the input resistor to the phono preamplifier.
Low-frequency inaccuracies may require redesign of the equalizing
network,

CONSTANT-AMPLITUDE CARTRIDGES

The output from a constant-amplitude cartridge is theoretically
proportional to the recorded amplitude, as shown in Fig. 3-5. The
playback curve must be the mirror image of this curve around the
0-db axis. An exact drawing of this curve, with corners rounded off
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Fig. 3-8. RIAA curve for reproduction using a constant-amplitude cartridge.

to reflect more accurately the actual component characteristics, is
drawn in Fig. 3-8

The output from an amplitude-sensitive cartridge is usually repro-
duced through a linear amplifier. For accurate performance, the cut
at the low frequencies and the boost at the high frequencies must be
built into the cartridge. The high-frequency boost is achieved by reso-
nances purposely designed into the unit. Low-frequency cut is a func-
tion of the loading at the output of the cartridge.

The equivalent circuit of this type of cartridge is a voltage source
in series with a capacitance, The load resistor shown in Fig. 3-9 de-
termines the loss at the low frequencies.

In this circuit;

R
€t = €y (m) (3-1)
or,
ew_ R juRC )
P 1 ~ jwRC + 1 (3-2)
R +——
jwC
where,

¢, 18 voltage out,

¢y, is voltage in,

R is equivalent resistance,
C is equivalent capacitance.
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The result is the curve shown in Fig, 3-10. The numerator indi-
cates that at O Hz the output is zero, and rises from there. The de-
nominator indicates the frequency at which the output has dropped
3 db from the maximum flat output. The 3-db point is reached when,
in the denominator, jwRC = j.

{ Fig. 3-9. Equivalent circuit of a ceramic

cartridge feeding a resistive load.
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The capacitance of the cartridge is usually assumed to be 500 pf.
The frequency where the output has fallen 3 db is, from equation 3-2:

f=1/27 RC (3-3)

At this frequency the jwRC term in the denominator of equation
3-2 is equal to j.

Referring to the curve in Fig. 3-8, you will note that the response

is down about 12 db at 30 Hz. Figuring back, it would be down 6 db

T I
(A) APPROXIMATE RESPONSE

—
db /

{B) ACTUAL RESPONSE

-6 db 7 Fig. 3-10. Response curve of cireuit in

/ Fig. 3-9.
-3 db

-12 db 7
2=

af

7 N emwo o

at twice this frequency, or 60 Hz; and would be at the breaking point,
which is alrcady 3 db down, at 120 Hz. Substituting this information
into equation 3-3, we see that the required load resistor, R, is equal
to:

R = | 1
T 2afCT 6.28 X 120 X 5 x 10—
= 2.7 megohm (3-4)
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Unfortunately, few amplifiers have load impedances of that magni-
tude at the auxiliary inputs. A cathode follower is required at the
input to provide this impedance. If the input impedance is 2.7 meg-
ohms, response at the awx input should be measured as described in
Chapter 2. The output must be flat to enable the cartridge and pre-
amplifier combination to provide the curve shown in Fig. 3-8,

[t is frequently desirable to send the signal through the phono pre-
amplifier when these cartridges are used. This serves the dual function
of modifying the extreme requirements placed on R in equation 3-3
while permitting exact equalization for the different types of older
records, when this is required and provided for in the amplifier. In
the past, it was the practice to provide these different equalizations in
the phonograph preamplificr for velocity-type cartridges only. These
equalization curves are not shown here. The modern amplifier seldom
includes these, for all record manufacturers have settled on the RIAA
curve as standard. Older units may still incorporate the various
equalizations.

A manufacturer of one of the popular types of amplitude-sensitive
cartridges recommends that the circuit shown in Fig. 3-11 be used
between the ceramic cartridge and the velocity-equalized phono pre-
amplifier. This network 1s used to modify the curve originally used
with velocity-type cartridges to a curve suitable for use with ceramic
amplitude-type cartridges.

An analysis of the circuit in Fig. 3-11 can become quite involved,
but is nonetheless worth-while. The general sinusoidal solution can
be applied to most constant-amplitude cartridges. The mathematics
is carried out in Appendix D.

The response curve of this network, using a ceramic cartridge, is
shown in Fig. 3-12A. The RIAA playback curve, originally drawn
in Fig. 3-6, is repcated in Fig. 3-12A with the corners squared off.
This is an integral characteristic of the phonography preamplifier in
question. The sum of the two curves is the resultant curve necessary
to produce the output from a ceramic cartridge properly.

Two things should be noted. First, at these frequencies the built-in
rolloff characteristic in the preamplifier just about cancels the high-
frequency boost from the network in Fig. 3-11. The resultant re-

cartridge and phono preamp with

constant-velocity equalization.
EQUIVALENT
CIRCUIT OF
CERAMIC

1
1
|
|
|
em) 1100 m:’ez mn egyt  Fig. 311, Network used between ceramic
H
]
]
]
!
CARTRIDGES !
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sponse at these frequencies is flat. At the lower frequencies, the curve
conforms with that required to reproduce the output from a ceramic
cartridge properly at the low end of the band. The flat response at
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(B) Resulting curve from circuit in Fig. 3-11 in conjunction with a preamp equalized
for constant-velocity RIAA characteristic.

Fig. 3-12. Recording curves.
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high frequencics, as shown in Fig. 3-12, does not mean that the
boost shown in Fig. 3-8 is disregarded. The rise in response is still
present because of the built-in resonances in the cartridge. as dis-
cussed previously. Rs should be chosen so that a ceramic cartridge,
when played through a velocity-equalized preamplifier, will provide
sufficient output without overloading the preamplifier stages.

Checking the preamplifier response, when this network is used,
is straightforward. First, check the preamplifier stage as previously
described. Next, insert the network in Fig, 3-11 between the oscillator
and the preamplifier. A 500-pf capacitor, representing the equivalent
capacitance of the cartridge, should be inserted in series with the lead
from the signal generator. The resultant output should follow the
combined curve in Fig. 3-12, but with the corners rounded off as
shown in Fig. 3-12B.

J“Cl J- l
R ¢ Eout :
@ T | Fig. 3-13. Circvit used with a ceramic

cartridge when feeding a relatively

EQUIVALENT low-impedance amplifier input.
CIRCUIT OF
CERAMIC
CARTRIDGES

(ISR

CERAMIC CARTRIDGES FEEDING MEDIUM IMPEDANCES

Any arrangement which results in the curve shown in Fig. 3-12B
would result in proper reproduction from a disc recorded in accord-
ance with the RIAA characteristic and played with a constant-ampli-
tude cartridge. Compensation is required only at the lower frequen-
cies. The required high-frequency boost is controlled by resonances
built into the cartridge.

Let us assume that you wish to use the high-level aux input for the
ceramic cartridge, and that the input impedance at the amplifier is
less than the 2.7 megohms recommended for R in Fig. 3-9 and de-
termined by equation 3-4. In this instance, the circuit in Fig. 3-13
is used. Here, R is the resistance at the aux input of the amplifier.

As you may recall, this section of the amplifier provides an cutput
with a uniform frequency response when a constant voltage is applied
at the input. Also, C, is the capacitance in the equivalent circuit of
the cartridge. Capacitor C must be chosen to shunt the resistive input
impedance of amplifier R. The equation describing this network is:

Cont _ R/(1 + juRC)
e R/(1 +jwRC) + 1/jwC,

(329)
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where, R/ (1 + jwRC) is the impedance of the parallel r-c combina-
tion and 1/jwC, is the impedance of C,. Simplifying equation 3-5
gl\’CSl

ot _ joRC, )
Cin _] (&JRC] -+ LURC} (3 6}
The frequency when the output has rolled off 3 db is:
j (@RC, + wRC) = j
orw=1/(RC, + RC)
and f = 1 (3-7)

2aR(C, + C)

The jwRC, term in the numerator indicates that the output is zero
at d-c with a steady rise of 6 db per octave. The curve fitting equation
3-5 is shown as Fig. 3-14A. The output drops approximately 6 db
per octave beginning at the frequency of f = 1/27R(C, + C), and is
equal to zero when f = 0. It should be noted that (A) of Fig. 3-14
is an approximation of the actual curve. The output is actually 3 db
down from its maximum when f, = | /27R(C, + C); it is down 7 db
when f, = {,/2; it is down 12 db at f, = {,/2; and it drops 6 db per
octave from there on, as shown in (B) of Fig. 3-14. If the curve with
the 6-db-per-octave slope were extended back to the O-db reference
axis, it would intersect it at f,. Thus, curve (A) of Fig. 3-14 is used
as an approximation for this curve, plotting f, on the 0-db axis rather
than 3 db below it. This approximation has been, and will continue
to be, applied through the book for convenience and ease of illustra-
tion.

As an example in the use of equation 3-5, assume R to equal
5 X 10° and C; to equal 5 x 10—, A good approximation to the re-

{A) APPROXIMATE RESPONSE
L

o

34db /

-6 db—— /%
(B) ACTUAL RESPDNSE
-8 dbp—o
Fig. 3-14. Response curve of circuit in
Fig. 3-13. 2

A

f=0cps fz-%fl-%qlo- Ho

i
2nR (C1 + C)
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quired curve in Fig. 3-8 can be found if we let f equal 120 Hz. (This
was discussed above in referring to Fig. 3-9 and equation 3-4.) Sub-
stituting these constants into equation 3-7 would make C approxi-
mately equal to 2200 pf. Whatever the values of C; and R may be,
the capacitor required to shunt R for a reasonably flat response can
be readily calculated from equation 3-7. It should be remembered
that these results fit the curve to a fair approximation only. In all
practical situations, reproduction will be satisfactory.

The capacitor can be built into the amplifier, shunting the input
resistor, or it can be an integral part of the cartridge. If the frequency
response of the amplifier is checked, a capacitor across the input
should not alter the response of the amplifier. This is especially true
if the output impedance from the signal generator used in making the
test is low. Should a high-impedance signal source be used, some roll-
off at the high frequencies may be noted. This rolloff will be a func-
tion of the impedance of the gencrator.
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CHAPTER 4

Measuring and Matching
Tape Playback and
Microphone Preamplifiers

The frequency-response characteristics of the tape playback head
are similar to those of the constant-velocity phonograph cartridge. If
a tape were magnetized equally at all frequencies and played on a
tape machine, the output from the playback head would rise linearly
with frequency at the rate of 6 db per octave. This rise would con-
tinue to the frequency limits of the head if several factors did not
intervene to upset this convenient state of affairs.

In the recording process, the degree of tape magnetization theo-
retically is proportional to the current passing through the recording
head. At high frequencies this characteristic is altered because of the
proximity of the tiny magnets which make up the recorded signal on
the tape. The opposite poles adjacent to each other “cancel” some of
the magnets. Another loss is due to insufficient depth in the recording
layer. The frequencies at the treble end of the spectrum are recorded
at the surface of the magnetic material, while the lower frequencies
penetrate the recording layer to a greater degree.

It can also be demonstrated that the recording bias current has a
definite relationship to the recorded signal appearing on the tape.
Excessive bias current tends to decrease the high frequencies more
than it does the low end of the band. On the other hand, insufficient
bias will cause excessive distortion. A compromise between the two
extremes must be chosen to make a good recording.

Deviation from a standard relationship (for the particular head)
between recorded flux and audio-signal power fed to the record head
can be related to power losses in the head. This is particularly true at
high frequencies. The standard ratio assumes that equal magnetic
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fields are set up for equal head currents at all frequencies. This is not
the case. There is more power dissipated in the head at high frequen-
cics than at low frequencies. As a result, less high-frequency power
remains to magnetize the tape.

Although high-frequency losses are of primary significance in the
recording process, losses at both extremes of the audio band are im-
portant in playback. If the opposing magnetic poles which result
when a recording is made on tape lic near the playback head gap,
the output will be high. At very low frequencies, because of the large
wavelengths the poles may be far from the head gap and the output
will tend to decrease.

The width of the gap in the playback head is significant for high-
frequency response. This can be explained with the help of Fig. 4-1.
Assume that tape passes over a gap of the width at w. If the recorded
wavelength is greater than w, let us say 5w, the gap sees only a por-
tion of the rccorded waveshape at any one instant of time as the tape
moves over the head. Each portion sets up a different current through
the head coil until the entire sine wave is traced. As the wavelength
is decreased, a greater portion of the cycle appears across the gap al
any one instant. When the wavelength recorded on the tape is twice
the gap width, the current through the head represents the average

9 .

(A) Illustrates head gap. (B} A portion of the cycle is sampled.

=

k
-%-
= .

(C) When wavelength is twice gap width, (D) When wavelength is equal to gap

half of the cycle is sampled at any widih, output is zero.
one moment.

Fig. 4-1. Effect of gap width on current through playback head.
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current of a half cycle or I,.../7m (The derivation of this appears in
Appendix E). When the gap width is equal to a complete cycle, the
average output current in the playhead is zero. The output increases
again, with frequency, after the null. At the null frequency, the gap
width equals the recorded wavelength,

This leads to two commonly assumed factors. First, the usable
minimum wavelength is double the gap width of the playback head,
for only then is there sufficient compensatable output from the head.
Sccond, for the same gap width, there is less usable upper frequency
at slow speeds than at high speeds, because a specific recorded wave-
length on the tape is reached at a lower frequency when recording at
slow speeds than at high speeds.

Finally, the usable bandwidth can be calculated from the gap width.
The null in output is at the frequency when the recorded wavelength
is cqual to the gap width. The recorded wavelength can be derived
from the equation

A=vt=- (4-1)

where,

A (lambda) is the wavelength,

v is the velocity of the tape,

t is the period or the time duration of one cycle,
f is the frequency in cycles per second, or Hertz.

The null frequency is then:
i
A

As an example, use a velocity of 3.75 ips and a wave-length of
0.0001 inch per cycle. The wavelength is numerically equal to the
gap width. Substituting these into equation 2 yields:

f= (4-2)

f

__3.75 inches/second __ cycles
~ 0.0001 inches/cycle AP0 second

The usable upper limit of the reproducible band is 37,500/2, or
about 18,000 Hz. This limit is seldom realized because the effective
gap is usually greater than the mechanical gap. The imperfections at
the edge of the gap across which the tape rides are a major factor in
producing this discrepancy. A typical playback curve resulting from
a constant-current recording is shown in Fig. 4-2. The rolloff fre-
quency is a function of the gap width, tape speed, and tape-resolution
characteristics.

To produce a flat playback response from a constant-current re-
cording, the playback preamplifiers are equalized in accordance with
the curves shown in Fig. 4-3, accepted as a standard by the industry,

= 37,500 Hz
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Fig. 4-2. Output from playback head reproducing a constant-current recording at 72
ips. Gap width is 0.0002 inch, although effective gap is greater.

In order to determine the resultant frequency response due to the
preamplifier and the playback-head combination, the curve in Fig.
4-2 (head characteristics) must be added to one of the equalization
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Fig. 4-3. Standard preamplifier equalization curve.



curves in Fig. 4-3. An example of this procedure at the 7%2-ips speed
is shown in Fig. 4-4,

Fig. 4-4 indicates that there is insufficient boost at the high and
low frequencies of the audible band. This is compensated for in the
recording process and thus is of no interest here. Record preampli-
fiers are equalized to a response that is the approximate mirror image
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C-C EQUALIZATION FOR 7 112 IPS

Fig. 4-4. Playback curves at 712 ips.

of B-B. The preamplifier must provide the characteristic shown in
Fig. 4-3. The test setup shown in Fig. 3-7 can be used in the testing
procedure. For a discussion of the test circuit and the correct test
procedure, see Chapter 3.

MICROPHONE CHARACTERISTICS AND REPRODUCTION

Piezoelectric microphones used in high-fidelity applications usually
fall into two groups. The first group utilizes crystal or ceramic ele-
ments which operate on the piezoelectric principle. They are designed
so that the resonant frequency is above the audible range. The output
voltage will then be substantially constant for a uniformly applied
signal at all frequencies. Equalizing networks similar to the type used
with constant-amplitude phonograph cartridges can be used to flatten
the response as required over the audio spectrum.
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The cquivalent circuit of the crystal and ceramic microphone is a
voltage source in series with a capacitor, which should work into an
essentially resistive load at the microphone preamplifier. All this is
shown in Fig. 4-5.

The equation for the circuit in Fig. 4-5 is:

€t R _ jwRC
ew o, | jJoRCHI
" jeC
The numerator in the equation indicates that the output for a zero
frequency (d-c) input is zero. The 3-db rolloff point is determined
by the denominator when:

(4-3)

RE=OE = 5o (4-4)

The curve described by this equation is shown in Fig. 4-6.

g
Rg OUT  Fig. 4-5. Equivalent circuit of a ceramic
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EQU IVALENT
CIRCUIT OF
MICROPHONE

At the frequency f;, the output from the microphone is down 3 db.
At 2f,, the output is down 1 db, while at 4f, the output may be con-
sidered as not having dropped ofl at all. The proper procedure for
deriving R in equation 4-4 is first to select the lowest frequency which
must be reproduced without any rollofl, consistent with the quality
of the microphone used. This frequency is 4f,. The frequency f, is
one-quarter of the lowest frequency requiring a nominally flat ampli-
fication. Substitute this value for f, as well as the capacitance of mi-
crophone C into equation 4-4, and solve for resistor R. (The capaci-
tance of a crystal microphone varies from 500 to 15,000 pf.) The
exact value of the capacitance should be obtained from the manu-
facturer of the particular microphone in question. If the actual value
cannot be obtained from the manufacturer, assume it to be 500 pf.

In the test procedure, use the circuit shown in Fig. 3-7. Insert a
capacitor, equal in value to the equivalent microphone capacitance,
in scries with the lead connecting the signal generator to the pream-
plificr,
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The second popular type of microphone is the moving-coil, or
dynamic, variety. Here, a diaphragm is set in motion by the air pres-
sure emanating from an audible signal. A coil attached to this dia-
phragm moves in a strong magnetic field, causing current to be gen-
erated in its winding. The output from that microphone normally
would rise with frequency for a constant signal pressure. Careful and
proper choice of the mechanical resonant frequency can provide an
output uniform with frequency over most of the audible spectrum.
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Fig. 4-6. Response of circuit shown in Fig. 4.5,

The preamplifier used with each category of microphone should
be characterized by a uniform frequency response. Because few mi-
crophones can reproduce the extremes of the band, and in the interest
of stability, many amplifiers will roll off the upper and lower ends of
the spectrum. It is not uncommon to find that 50 Hz and 10 kHz in
one amplifier, or 40 Hz and 15 kHz in a second amplifier, are 3 db
down from the maximum output level.

The procedure for testing microphone preamplifiers varies only
slightly from that performed for tape-head or phonograph-cartridge
units. In the aux position, the amplifier is adjusted to perform at its
most linear frequency capabilities. The switch is then thrown to the
lower-output phoneo position. Adjust the level control on the signal
generator so that the amplifier under test will deliver about 5 db below
the maximum undistorted output at 1000 Hz. Proceed to check the
relative gain at all other frequencies, using this point as the reference
level.
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PRECISE TESTING

Just as in the case of the constant-velocity phonograph cartridge,
the tape-head and dynamic microphone used should be included as
an integral component in the test setup. This would take into account
the effect of the inductance of these components as well as the effect
of the input impedance of the preamplifier. However, several precau-
tions must be taken to make valid readings. Refer to Fig. 3-7.

1. The resistor connected to ground in the divider network at the
signal generator must be small in value. It must be negligible
compared to the impedance of the transducers under test.

2. The resistors in the divider network must be noninductive.

3. The leads from the generator should be of the low-capacitance
shiclded type.

4. The transducer must be connected in series with the “hot” lead
from the generator.

5. The transducer must be shielded so that it does not pick up stray
electrical or acoustical signals.

6. The signals fed to the preamplifier through the cartridge, tape
head, or microphone must be on the order of magnitude of the
signal normally expected out of the particular transducer in-
volved.
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A-A WITH HEAD IN SETUP AND;
B-B WITHOUT HEAD IN SETUP

Fig. 4-7. Response curve illustrating the effect of stray capacitance in test equipment
and shielded cables.
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Isolation between the signal source and the transducer may be diffi-
cult to accomplish. Phono cartridges and tape heads should be placed
in magnetically shielded boxes, and microphones should be housed in
acoustically as well as magnetically shielded containers. Their leads
should be shielded from stray-field pickup.

One further precaution: the divider network should be at the gen-
erator. Use three feet of shielded lead to connect the generator to the
transducer. Do not form a coil with the shielded lead. Stretch it out
over the workbench. This will maintain the signal in the shielded lead
at a low level, minimizing the probability of stray fields being set up
and induced into the transducer. Placing the transducer three feet
away from the signal generator minimizes direct induction from the
generator into the transducer,

The importance of the transducer in the test circuit cannot be over-
emphasized. In Fig. 4-7, note the different curves resulting from the
tests made on a transistorized playback preamplifier used in a com-
mercial tape deck. Note the difference in the curves with and without
the playback head in the test setup. Curve A-A adheres closely to the
standard when the head is used in the more accurate method of testing
just discussed,
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CHAPTER 5

Checking Frequency-
Compensating Circuits

High-fidelity amplifiers are usually equipped with ample frequency-
discriminating functions. These include some type of variable bass-
or treble-compensating network as well as loudness controls, scratch,
and rumble filters. Each designer of audio equipment has his own
prejudices as to the relative need for each of these functions. Some
engineers feel that any deviation from a perfectly flat frequency re-
sponse is a deviation from “‘true” high fidelity. Others have made a
life study of frequency-compensation requirements and have designed
complex networks to suit their research conclusions. In this chapter,
four groups of these functions will be considered: the tone control,
scratch filter, rumble filter, and loudness control.

THE TONE CONTROL

Every high-fidelity amplifier has at least one tone control, although
most have two. The primary function is to compensate somewhat for
room acoustics. Many audiophiles use these controls to satisfy various
secondary functions—to compensate for a poor phonograph cartridge,
for example, or to get a booming bass, produce a piercing “high-
fidelity” treble, reduce turntable rumble, record scratch, or tape hiss,
and so on.

A complete set of tone controls should provide, in varying degrees,
five groups of frequency characteristics. The four most obvious are
bass and treble, boost and cut. The fifth, and most important, is a flat
frequency response. While most controls will give adequate boost and
cut, many will not have one definite position where the frequency
response is held to within +1 db over the entire audible spectrum.
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The tone controls can be tested with the setup in Fig. 3-7. This
circuit is also used to measure the equalization of the preamplifier
sections. A few words on application should be noted here to avoid
fallacious readings. All level controls on the amplifier under test must
be set at maximum, to prevent the frequency-response curve from
being influenced by the effect of any stray capacitances and by the
setting of these controls.

Next, the output from the signal generator must be low enough so
that the amplifier will not be overloaded at any test frequency. As an
example, an amplifier providing 5 volts at 20 Hz should never be re-
quired to deliver more than this at any setting of the tone control.
If 20 db of boost is expected at 20 Hz in the maximum bass-boost
position, set the output from the generator so that the amplifier can
provide this boost without distortion. If the maximum undistorted
output voltage from the amplifier is 5 volts at 20 Hz, the reference
level should be at most 20 db below this point, or 0.5 volt.

Finally, monitor the cutput from the signal generator, using an a-c
voltmeter. Monitoring is important because the output from the gen-
erator may not be constant over the entire frequency range. The out-
put from the amplifier should also be observed on a scope, to be cer-
tain that the output meter is indicating a sinusoidal voltage and not
hum or a nonsinusoidal signal.

If the unit under test is a preamplifier, use the circuit shown in Fig.
3-7. If the unit is an integrated preamplifier-power amplifier combina-
tion and the output is to be measured after the power amplifier, re-
place the 1000-pf capacitor and 100k resistor with the proper
matching load resistor.

Once these precautions are borne in mind, the various functions of
the tone controls can now be checked. Determine the maximum es-
sentially sinusoidal output from the amplifier at 20 Hz and 20 kHz.
Choose a convenient voltage (or level on the db scale) 20 to 25 db
below the lower of these two readings. This will be the reference level.
Adjust the tone controls for the most linear output over the entire
audio range at this reference level, and draw this curve.

Note the amplifier settings for flat frequency response. Now set the
bass control for maximum boost. Readjust the signal generator so
that the output meter will once again read the reference level at 1000
Hz. Draw the frequency-response curve, using this 1000-Hz level as
the 0-db reference point. The curve should be checked from 20 Hz
to 20 kHz, to determine the effect of the control on all portions of
the audio range.

Take readings from different settings of the bass control, midway
between the flat response and maximum bass boost. Do the same for
the maximum bass attenuation setting, as well as at some point mid-
way between the flat response and maximum cut. Repeat all four
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measurements for the various settings of the treble control. Each time,
check the response from 20 Hz to 20 kHz relative to the same 1000-
Hz, 0-db reference level.

Two of the many possible sets of curves resulting from these tests
are shown in Fig. 5-1. The curves shown in Fig. 5-1A are usually
provided by a losser-type tone-control circuit, while those in Fig. 5-1B
are characteristic of the Baxendall-type feedback circuit.

In the Baxendall circuit, the curves for the extreme setting of the
controls pivot around some midfrequency, such as 1000 Hz (“O" on
the curve). At intermediate settings of the bass control, the curves
start to rise and fall at some frequency lower than 1000 Hz (“P” on
the curve), while the upper and middle frequencies are not affected.
Similarly, the curves for intermediate settings of the treble control
start to rise and fall above 1000 Hz (“S” on the curve). Only the
extremes of the audio band are affected by this type of tone-control
network,

This is not the case with controls using the losser type of network.
Here, the curves pivot around a midfrequency for all settings of the
controls. Effectively, points “O,” "P," and “S" merge to one point
at about 1000 Hz. The entire upper half of the band is affected when
the treble control is adjusted, and the entire lower half is affected
when the bass control is adjusted.

The Baxendall arrangement is most desirable in high-fidelity appli-
cations because it is more selective than the losser arrangement. In
amplifiers where the frequency range is limited, the losser type of cir-
cuit is more desirable. In such amplifiers, extremes of the audio range
do not exist. The Baxendall circuit produces no noticeable effect for
most of the range, while the frequency variations caused by the losser
circuit are usually quite obvious.

The curve for flat response, “A O K,” has been assumed perfectly
flat. This is, of course, an ideal situation seldom obtained, especially
with circuits of the losser type. It has also been assumed that each
control affects only a portion of the frequency range. Theoretically,
the bass control should affect only the low frequencies, while the
treble control should affect only the highs. Actually, this is only par-
tially true. The suggested test for each setting covered the entire audi-
ble spectrum. This was done to check the effect of the controls over
the entire audio range, to determine the effects on the sections they
should not control as well as the amount of control they do exert over
the assigned portion of the spectrum. The amount the bass control
affects the treble and the amount the treble control affects the bass
are measures of quality. Naturally, the least effect is the most desir-
able.

Tone controls should not affect the average volume level. The
1000-Hz reference level should remain unchanged, whatever the set-
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Fig. 5-1. Typical tone-control curves.
ting of the controls may be. Any change from the predetermined ref-
erence level at 1000 Hz is an indication of the quality of the particular

circuit.
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As a final thought, no distortion should be produced at any setting
of the tone controls. The Baxendall type of tone control is reasonably
distortion-free. In a well-designed circuit, the losser type can also
provide clean output. Some “economy™ arrangements, such as placing
the tone controls in a feedback loop around the output transformer,
give satisfactory performance at flat response settings, but result in
entirely too much distortion in extreme boost positions. This can
readily be verified in amplifiers using this circuit.

THE SCRATCH FILTER

Any filter placed in a circuit limits the full frequency range. Scratch
filters are no different. A good filter is designed to minimize this fac-
tor. Scratch noise from phonograph records and hiss from tape pro-
duce audible components, primarily in the upper-frequency range.
The convenience of this coincidence allows one filter to be designed
to eliminate or minimize both types of interference by simply limiting
some of the higher frequencies. A good filter will minimize only the
highest frequencies. A poor filter will also attenuate the midfrequen-
cies.

The exact frequency at which the attenuation should be maximum
to best eliminate noise is a variable often determined by the whim of
the particular design engincer. For good noise suppression, this fre-
quency must be down far enough to encompass the lowest noise fre-
quencics, and it must be high enough not to eliminate any more of
the high frequencies than are absolutely necessary. In this discussion
(for convenience and reasonable logic), it will be assumed that it is
desirable to be 6 db down at 6300 Hz and have at least a 6-db-per-
octave rolloff above that.

Although it may be analytically difficult to calculate R and C from
the 6-db point, it can be casily determined when the 3-db attenuation
frequency is considered. From the curve in Fig. 5-2, the frequency
at which the output has dropped 3 db is 3500 Hz. Thus, the product
of R and C required to produce this curve for the network in Fig. 5-2
is:

RC__I___I,_ (5-1)
T 27l 2m(3500) a

All of R and a portion of C are usually integral parts of the circuit
(inherent tube capacitance and circuit resistance) in which the filter
is to be included. The amount of C that must be added to the existing
circuit to provide the 6-db cut at the predetermined frequency must
be determined experimentally.

A close look at the curve in Fig. 5-2 shows two major disadvantages
of the filter. First, the high-frequency rolloff starts at 1000 Hz—a fre-
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Fig. 5-2. A schematic and response curve of a typical scratch-filter circuit.

quency which we do not want affected to any noticeable degree. Sec-
ond, at just about the highest frequency that must be attenuated by
the filter, 14 kHz, the gain is only down about 12 db. This rolloff is
frequently inadequate. The information is redrawn as curve A in
Fig. 5-3.

More networks of the type in Fig. 5-2A, with identical time con-
stants R C, can be added into the path of the signal to further attenu-
ate the high frequencies. Curve C in Fig. 5-4 shows the result of three
such networks in one amplifier. The rolloff starts at 2000 Hz, an im-
provement of one octave over curve A, and the gain is down 20 db
at 15 kHz, an improvement of 7.5 db. Although adequate, the three
tandem networks add attenuation into the circuit, with all the associ-
ated disadvantages.
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Fig. 5-3. The effect on an amplifier using the scratch filter shown in Fig. 5-2. All curves
are 6 db down at 6300 hertz.
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A good compromise uses two such networks. Comparison of curves
B and C in Fig. 5-4 indicates just how minor this compromise is.
Scratch filters (and the rumble filters discussed later) have frequently
been included in feedback networks to provide an extremely sharp
rolloff. Stereo amplifiers seldom include these networks in feedback
loops because of their high cost as well as dubious value.

The equipment in Fig. 3-7 may be used to test the filter network.
First, adjust all controls on the amplifier for maximum flat response.
Next, switch the filter into the circuit. Set the output from the signal
generator so that the amplifier will reproduce 1000 Hz at a level sev-
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Fig. 5-4. A rumble-filter circuit and typical response curve.

eral db below its maximum output capabilities. Check the response
from 20 Hz to 20 kHz to determine how the rolloff is affected by the
filter, at what frequency the attenuation is 6 db, and how the filter
reshapes that portion of the audio spectrum where it actually should
have no effect.

THE RUMBLE FILTER

The rumble-filter network attenuates the low frequencies caused
by rumble in the turntable. For a turntable with a two-pole motor,
attenuation must be relatively high beginning at 60 Hz. If the turn-
table uses a four-pole motor, attenuation should be concentrated from
30 Hz down. In both cases, attenuation should be at least 10 db at
the frequency indicated, and more at lower frequencies. In this dis-
cussion, we will consider 60 Hz as the objectionable frequency, with
12 db assumed to be the required attenuation at this frequency.

The rudimentary rumble filter is shown in Fig. 5-4, along with the
response curve. The analysis is similar to the one for the scratch filter:
For an attenuation of 12 db at 60 Hz, 240 Hz must be attenuated
3 db, and the product of R and C becomes:

RC = 1/(2#f) = 1/(27) (240).
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It is obvious that one such section is inadequate; the attenuation is
considerable at a relatively high frequency (1000 Hz), and drops
slowly (6 db per octave) below 60 Hz. This is redrawn as curve A
in Fig. 5-5. Curve C shows a more idealized case using three networks
in the circuit, while curve B, using two such networks, is a reasonable
compromise.

Once again, the test cquipment shown in Fig. 3-7 may be used for
testing the response of a compensating circuit—this time, the rumble
filter. The procedure and conclusions indicated under the scratch-
filter discussion apply here as well. Although 60 Hz is the highest
frequency considered in rumble-filter design, lower frequencies may
also be generated and must be eliminated. While elimination of rum-
ble should not be the concern of an amplifier, it is important that rum-
ble be nullified. Excessive rumble can overload an amplifier or
speaker, resulting in distortion at all frequencies.
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Fig. 5-5. The effect on an amplifier using the rumble filter shown in Fig. 5-4. All curves
are 12 db down at 60 hertz.

LOUDNESS CONTOUR

Tones of identical sound level, but differing in frequency, do not
sound equally loud to the human ear. Experiments have been per-
formed to relate the apparent loudness to the actual relative sound
intensity at all frequencies of the audio spectrum. The most com-
monly accepted results were compiled in the 1930's by H. Fletcher
and W. A. Munson. Fig. 5-6 shows the result of their research.
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In common with most audio measurements, the curves are based
on a 1000-Hz reference frequency. With this in mind, let us study
the curve marked “70.”

Notice that 1000 Hz is at a level marked 70 db. This 70 db is the
zero reference level for this particular curve. At the higher and lower
frequencies, the curve goes up. This means that at these frequencies,
the sound pressure must rise if tones at these frequencies are to sound
as loud as the 1000-Hz note. The actual intensity must increase 10
db at both 60 Hz and 15 kHz if these frequencics are to seem equal
in level to the 1000-Hz signal. It must also fall 5 db at 4000 Hz.

There are similar curves from “0” to *120.” Each curve represents
the equal loudness curve for different sound pressures, with 1000 Hz
as the reference frequency. The equal-loudness contours vary with
the actual intensity of the sound. At low listening levels (curves
marked “0” to *“30"), there must be a greater relative sound pressure
at the low and high frequencies, if all frequencies are to seem equally
loud, than at loud listening levels (curves marked “707 to “207).
The loudness control is based on this fact,

Each curve depicting the equal loudness contour is marked in units
called “phons.” The “phon” refers to an equal apparent loudness
level. Even though the actual sound pressure varies several db over
the frequency range, the rating in “phons” is identical when the ap-
parent loudness is identical. The “phon” refers to the loudness con-
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tour curve, while the db rating refers to the relative actual sound
pressure.

The phon is identical to the presure level in db at 1000 Hz if the
0-db level is considered to be an intensity of 10— watts/cm®. At
frequencies other than 1000 Hz, the phon varies from the intensity
rating in db. It is generally accepted, for design purposes, that music
is played and recorded at the 70-phon level and played back in the
home at the 40-phon level. If music 15 to be reproduced exactly as
originally performed, the apparent loudness contour must follow the
70-phon curve. An amplifier with a flat frequency response will re-
produce sound accurately only at the 70-phon level. But music is re-
produced in the home at the 40-phon level. The loudness control is
used to reshape the 40-phon curve so that the relative intensity level
will follow the contour of the 70-phon curve.

[n the reshaping process, 1000 Hz is still the reference frequency.
At 60 Hz, the 70-phon curve requires an increase of 10 db in actual
intensity, il the output at 60 Hz is to be at the exact audible level as
the note at 1000 Hz. Similarly, on the 40-phon curve, the increase
in actual intensity required at this frequency is 30 db.

Putting this another way, if you were listening to music in the con-
cert hall, your hearing would follow the 70-phon curve. The 60-Hz
notes would seem 10 db lower than the 1000-Hz notes of identical
amplitude. In the home, your hearing will follow the 40-phon curve
because of the reduced volume in reproduction. Now, the 60-Hz
note will seem 30 db lower than the 1000-Hz note of like intensity,
To make the reproduced sound the equivalent of the original, your
amplifier will have to compensate for the difference in the curves at
the two listening levels. Circuitry can be used to increase the 60-Hz
tone by 20 db (30 db —10db) over the signal at 1000 Hz. Now,
when listening with compensation at the 40-phon lecvel, the 60-Hz
signal will be 10 db lower than the 1000-Hz signal. This is exactly
the relationship that exists at the 70-phon level in the concert hall.

The difference between the two curves must similarly be repro-
duced at all frequencies: At 200 Hz the diflerence is 14 — 4 db, or
10 db; at 10 kHz, the difference is 12 — 12 db, or 0 db; at 3000 Hz,
the difference is (—3.5) — (—3) db, or —0.5 db. An exact loudness-
contour compensation curve for making the 40-phon level sound like
the 70-phon level is shown in Fig. 5-7. The compensation required
when using an amplifier at the 60-phon level (for people who like
their hi-fi very loud) and at the 20-phon level (for those who use
their equipment at very low levels) 1s also shown.

It is quite simple, with proper circuitry, to provide these cqual-
loudness contours in the amplifier. At least one contour, at about the
40-db level, is frequently found in audio amplifiers, But how valid
arc any of these compensations?
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To determine this, let us look at the curves by Robinson and
Dadson, shown in Fig. 5-8. These were determined much later than
the Fletcher-Munson curves. Fig. 5-8 also shows the effect of the
listener’s age, where the ability to hear high frequencies falls off with
increased age.
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The compensation required for the Robinson-Dadson curves is
shown in Fig. 5-9 as interpolated from Fig. 5-8. Again they are ref-
erenced to a 70-phon performance level. Note that with the Robinson-
Dadson curve, less loudness compensation is required than with the
Fletcher-Munson curve. The former also requires treble boost. Which
set of curves is correct? Which set should be considered the standard
when designing for the loudness contour? Nobody knows.
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Fig. 5-9. Compensation for Robinson-Dadson curves; 70 phens is standard playback level.

Each set of curves is the result of a statistical study, The Robinson-
Dadson set of curves may be more accurate because better techniques
and equipment are used, since this set is more recent. But who can
really tell? The sample of people at one test may have had different
hearing characteristics from the sample at the other test. The physical
and mental health of the two groups of people may have been sig-
nificantly different. Both factors would affect results.

Other considerations also must be taken into account. For one, the
response to the pure (sinusoidal) tones used in either test is probably
unlike the response to complex musical tones. Equal-loudness con-
tours are also affected by the relative direction of the sound source
from the individual, These factors are pointed out and both sets of
data are presented here to emphasize the impossibility of setting any
meaningful standard contour curve for loudness compensation at this
time. It is a highly subjective variable. Best personal compensation
can be attained when each individual sets the tone controls to best
suit his own hearing and particular room acoustics.
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It should furthermore be remembered that 70 db is the average
loudness level near the orchestra. At a distance the level changes,
and so does the equal-loudness contour curve. The curves for those
sitting at the rear of the concert hall differ from the curves for those
in the front-row seats, Just what the listening level and associated
contour curve are is thus determined by the distance from the orches-
tra. The curve one prefers is a subjective matter and should not be
dicated by the whim of an amplifier designer. Each curve at each
level is correct.

No matter what type of loudness compensation is provided for on
the amplifier, it may be checked with reference to a 1000-Hz, 0-db
level, using the test equipment in Fig. 3-7. All controls on the ampli-
fler must be set for a flat response. The loudness control can then
be switched into the circuit, and the effect on the frequency response
noted. No stage in the amplifier should be overloaded at any time dur-
ing the test. The entire audio range should be scanned, and the curve
plotted. Just which set of data your curve should be compared with
is your choice.
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CHAPTER 6

Harmonic Distortion—
Tests and Measurements

A discussion of harmonic distortion should begin with a thorough
study of the Fourier analysis of nonsinusoidal waves, Since this topic
has been most adequately covered in many excellent engineering texts,
it will not be repeated here. Much of the information included below
will be taken from the analysis, however, and will be stated rather
than derived.

A REVIEW OF TRIGONOMETRY

In Fig. 6-1A, R is one of the radii of a circle. As the tip of the
radius (a point on the circumference) rotates from o to a, the radius
must rotate through an angle 6. Angle # can be measured in degrees.
As drawn in Fig. 6-1A, # is 45 degrees, and in Fig. 6-1B, 6 is 90 de-
grees. All the values of @ are noted on the drawing, until it rotates
through the complete 360 degres. If it rotates twice through 360 de-
grees, @ will equal 720 degrees.

The angle can also be designated in radians. There is a direct rela-
tionship between degrees and radians. In Fig. 6-1F, 360 degrees
equals 2 radians. It follows that 2 X 360" = 2 x 24 radians, or 720°
= 4 radians. Several other intermediate relationships are shown in
Fig. 6-1.

If the radius rotates at an angular velocity of o radians per second,
and if t is the time required by the radius to rotate through angle 8,
the relationship is:

8 = wt (6-1)
where,

6 is the angle,

w is the radians per second,

t is time.
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This is the basic equation that distance is equal to velocity multi-
plied by time; “w" is a basic notation found in harmonic analysis.
It is angular velocity, in terms of the number of radians the radius
turns each second. A radius rotating through 360 degrees has com-
pleted one cycle. A velocity of one cycle per second is the equivalent
of 27 radians each second. Two cycles completed each second is

0 b

(A} 8-457 - 114 RADIANS 1Bho+00°= /2 RADIANS (C) 8=120P 27773 RADIANS

1D} 8= 180° =7 RADIANS 1£) g=210°~77r /6 RADIANS {F16=360"=2 7 RADIANS

c

Fig. 6-1. The various angles of theta (/).

the equivalent of covering 2 X 2 radians per second. Thus, @ can
be stated mathematically in two ways, with identical meaning:

w =" = 2uf (6-2)

where,

T is the time for one cycle (period),
f is the frequency in cycles each second.

Returning to Fig. 6-1A, it is desirable to find the sine of angle @
for all values of 6. By definition:
sin@® =¢/R (6-3)
the opposite side over the hypotenuse. It should be noted that the
length of the radius remains unchanged for all values of #. For the
sake of simplicity, R is made equal to 1. Then:
sinf =e (6-4)
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Fig. 6-2. Graphical portrayal of the generation of a sine wave.

By the simple construction in Fig. 6-2, the sin-@ function which is
equal to sin t—for 6 = ot from equation 6-1—can be plotted on
the axis, showing how ¢ varies with wt. Each cycle must go through
27 radians.

The plot can be changed from being a function of wt to a function
of time. This is shown in Fig. 6-3A. When the wave goes through a
complete cycle in 1 second, its frequency is 1 cycle per second. If it
does this twice in one second, its frequency is 2 cycles per second, as
shown in Fig. 6-3B. Each complete cycle represents an angle of 2
radians, The radius has traversed these 2+ radians twice in Fig, 6-3B.
The equation for the sine wave in Fig. 6-3A can be written as:

e, = E; sin wt (6-5)
and for Fig. 6-3B as:

e, = Es sin 2at (6-6)
where,

E is the peak value of the sine wave,
e is the value it assumes each instant of time,

1 1
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(A) One cycle. (B} Two cycles.

Fig. 6-3. A typical sine wave,
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The exact frequency is immaterial, but the relationship between
the two is represented by a factor of 2, indicating that one is double
the frequency of the other. The cos-@ curve is identical in shape to
the sin-# curve. It just starts 90 degrees, or /2 radians. later. The
two are compared in Fig. 6-4.

0 iz T Imi2 2wl 0 mie kg jwiz 2w Wl

(A) Sine-wave cycle, {B) Cosine-wave cycle.

Fig. 6-4. Comparison between one sine-wave cycle and one cosine-wave cycle.

DEFINING HARMONIC DISTORTION

From the Fourier analysis, it can be determined that a distorted
wave is composed of the original frequency (the fundamental), as
well as frequencies which arc two, three, four, and so on, times the
original frequency (harmonics). Stated analytically, it can be written:

e = E, cos wt + E, cos 2wt + E; cos 3wt + . ..
+ B, sin wt + B, sin 2wt + By sin 3wt + . . . (6-7)
where,
cos wt or sin wt 1s the fundamental,
cos 2wt and sin 2wt represent the second harmonic,
cos 3wt and sin 3wt represent the third harmonic,
E., E., Es, B, B., B, are the voltage peaks of the harmonics.

The remaining terms of the cquation, representing the fourth, fifth
and sixth harmonics, up to the infinite harmonic, are not shown, but
should be understood to exist. Harmonics greater than the third are
usually too small to be of any significance, and consequently will not
be considered here.

Not all the harmonics in equation 6-7 are present in a distorted
wave. By careful choice of the 27 axis, several of the terms in the
equation can be discarded as contributing nothing to the wave. Sev-
eral examples are shown in Fig. 6-5.

Assume the 27 axis can be chosen as shown in Fig. 6-5A, so that
points equidistant from and on either side of the 27 axis are identical
(with respect to the 27 axis) in amplitude, and in the same (positive
or negative) direction. That is. the amplitudes at t and —t are identi-
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cal. Then, only cosine terms will be present in the equation. The sine
components in equation 6-7 can be discarded.

Assume that the curve takes the form shown in Fig. 6-5B. Here
the amplitude at t and —t are identical, but one is the negative of the
other. In this arrangement, only the sine terms in equation 6-7 apply.
Some functions can be either odd or even (see Fig. 6-5), depending
on the choice of the 27 axis. The result of the analysis is the same.
The choice is determined by convenience. The only difference is the
phase and thus does not affect the harmonic content.

Either choice can exhibit both even and odd harmonics. From
Fig. 6-6, we can see one more criterion to simplify analysis. If the
amplitude at any time (t) is identical, but opposite in sign, to the
amplitude at the time (t + a7), only odd harmonics are present in
the curve. The even-harmonic terms can thus be eliminated from
equation 6-7. When this is combined with the considerations in Fig.
6-5, most of the terms in equation 6-7 can be eliminated. Do not
confuse the m with the even and odd functions defined in Fig. 6-5.
In Fig. 6-6 we refer to the order of harmonics only, while in Fig. 6-5
we identify cosine functions as even and sine functions as odd. This
has nothing to do with the odd or even harmonics discussed in Fig.
6-6.

An easy way to identify the presence of odd harmonics is to move
the section of the curve between 7 and 27 under the section from 0
to m. If one is the mirror image of the other around the 0 axis, then

0-AX1S

P

Fig. 6-6. Odd-harmenic sine wave,
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only odd harmonics arc present. A curve which does not exhibit mir-

ror symmetry around the t axis is composed primarily of even har-

monics. Through the remainder of this discussion, it will be assumed

that only cosine terms are present in the distorted signal. All higher

harmonics are supposed to be so small as to render them negligible.
The percent of distortion is defined as:

Percent HD =

(sum of the amplitudes of the harmonics squared) 1/2
amplitude of the fundamental

B (E.2 4 E42)1/2

B

x 100

% 100 (6-8)

where,
E, is the magnitude of the fundamental,
E. is the magnitude of the second harmonic,
E; is the magnitude of the third harmonic,

This exact formula can be used if all components are known from
measurements on a wave analyzer. In most cases, equation 6-9 is
used:

—— ; E.* + E* 1/2
Percent harmonic distortion = - % 100 (6-9)

E]-: + E‘_§2 + E:{-’

This is cffectively identical to equation 6-8 when the harmonics
are small—not more than 10 percent of the fundamental. The con-
ventional harmonic-distortion meter measurements comply with equa-
tion 6-9 and are thus inaccurate for large percentages of distortion.

OBSERVING DISTORTION OF AN OSCILLOSCOPE

Distortion magnitudes of 5 percent (or in some cases, 10 percent)
or less can seldom be scen on the scope. Inserting the differentiating
network between the signal and the scope, as shown in Fig. 6-7, will
frequently make it possible to observe small percentages of distortion.

AMPLIFIER
DIFFERENT IATING NETWORK
o OuUT
500 pt
1t

; ¢ 102 R @ @
® @

A
Vi

IN

Fig. 6-7. Differentiating network used for checking distortion.
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This can be explained by noting that the differentiating network
discriminates against the low frequencies more than it does against
the high frequencies. If proper values of resistance and capacitance
are chosen, the amount of low-frequency fundamentals passed on to
the scope will be reduced, while the high-frequency harmonics will be
passed on freely. As a result, the curve observed on the scope will
have a greater percentage of harmonic compenents than the original
signal had. If distortion due to harmonic components is present in the
original signal, the effect of the network on the distorted shape of
the signal will be emphasized. An analytic derivation is given in Ap-

pendix F.
\VARV/ v v
(A) 100 and 1000 Hz, (B} 10,000 Haz.

A A [\ [
VERVARRWIRW

{C) 100 and 1000 Hz. 10,000 Hz.

Fig. 6-8. Second- and third-harmonic waveforms,

A signal with sccond-harmonic components was applied to the net-
work in Fig. 6-7. The input to the network looked perfect. The out-
put at 100 Hz and 1 kHz looked like curve A in Fig. 6-8, and at
10 kHz it looked like curve B. When a second group of apparently
perfect signals was fed to the network, third harmonics appeared at
the output, as shown in C and D of Fig. 6-8.

Other qualitative methods are possible to indicate small amounts
of distortion. For example, an LC network, resonant at about 50 kHz,
can be put in series with the load. An undistorted signal will pass
through without alteration. When distortion is present, it will trigger
the network into oscillation. This condition will turn up as pockets of
oscillation in an otherwise perfect-looking sine wave.

From all the possible qualitative methods, it appears that the dif-
ferentiating network in the output circuit is about the most effective
in causing small amounts of distortion to be perceptible on an oscillo-
scope screen,

ESTIMATING HARMONICS FROM OSCILLOSCOPES

Several methods have been developed for estimating the harmonic
components of signals appearing on the oscilloscope screen. Analyses
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of thesc signals have appeared in numerous books. The complete
analysis, using these methods, is most useful for complex waves. In
the description presented here, only second- and third-harmonic com-
ponents are considered to be of any significance. The analysis will be
further simplificd by the assumption that in all practical situations,
the 27 axis can be chosen as shown in Fig. 6-5A. It is thus assumed
that only cosine functions and second- and third-harmonic terms will
be present in the signal. One simplifying factor has been assumed up
to now and will continue to be used. This requires some explanation.

0 b-C

L4

(A) Zero d-c. (B) Negative (C) Positive
d« component. d-¢ component,

Fig. 6-9. Comparison of d-c levels in harmeonic distartion.

Equation 6-7 assumes a zero d-c component. This means that the
area between the signal and the zero axis above the axis is equal to
the area between the signal and the zero axis below the axis. In the
curve shown in Fig. 6-9A, the area a above the axis is equal to the
area b below the axis. Because area @ minus area b is equal to zero,
the d-c component must be zero.

Looking at the zero axis as shown in Fig. 6-9B, you can see that
a negative d-c component will exist, since the area 4 under the zero
axis is greater than that of ¢ above the axis. A positive d-c component
exists in Fig. 6-9C, since e is greater than f. Actually, all three curves
are identical. Only the placement of the zero-axis line determines
whether d-c components will be present in the mathematical analysis.
It simplifies matters considerably if the axis is chosen so that no d-c
will be present. The analysis can then be completely accomplished
with equation 6-7.

1t should also be pointed out that curves do not have to be sinus-
oidal to have a zero d-c component. They can take any shape, as
shown in Fig. 6-10. Considering all these factors, the analysis below
is based on the Fisher-Hinen method. See appendix G for the deriva-
tion of methods for determining the second- and third-harmonic dis-
tortion terms from the oscillograms.
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Fig. 6-10. Examples of curves adjusted to have a zero d«¢ component,

A curve containing second-harmonic distortion is the sum of the
fundamental component and the second harmonic. This is illustrated
in Fig. 6-11. The practical laboratory procedure for determining the
amount of second-harmonic distortion can be stated simply in several
steps. Use a scope with d-c amplifiers and a repetitive sweep. Refer
to Fig. 6-11 for the position of the ordinates.

b

Determine that the curve on the oscilloscope screen has pri-
marily even harmonics, as discussed above.

. Set up the scope so that two cycles of measurable amplitude

are on the screen.

Turn off the amplifier under test. Set the vertical-position con-
trol on the scope so that the swept line is coincident with the
center of the scope screen. This sets the center of the scope
screen at the 0 d-c level. Do not touch the vertical-position con-
trol after this.

. Turn the amplifier on. Adjust the horizontal-gain control and

position control so that one cycle at the fundamental frequency

]

e,  COS@I

(B0, £, COS 26T

() e~e, ve, - cOSwT+E2C0520T

2

"
L3
ek i e — e

Fig. 6-11. A signal with the fundamental component parts of the second harmonic.
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occupies a measurable portion of the screen. The cycle should
be arranged so that it appears as an even function (see Fig.
6-5A).

5. Measure the amplitude at the beginning of this signal. Refer to
this as esr.

6. Measure the amplitude at the middle of the curve. This is eyr .

Find the second harmonic from the following equation:

2 T _l_ aw
=2 % (6-10)

and the fundamental from this equation:
Ey =2 0% (6-11)

Using equations 6-10 and 6-11, determine the percentage of the sec-
ond-harmonic distortion from:

percent second harmonic = % x 100 (6-12)
1

The practical step-by-step procedure for determining the percent-

age of third harmonic distortion is identical to that applying to the

second-harmonic case, with the exception of the ordinates under con-

sideration. Before the step-by-step procedure is applied, it must be

determined whether the signal contains second or third harmonics.

Then proceed accordingly with the test. Refer to Fig. 6-12 to deter-

mine the exact location of e.r, esw .4, and ¢,¢7 4, the three ordinates.

Use equations 6-11, 6-12, and 6-13 in appendix G to calculate the
distortion.
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EXACT MEASUREMENT TECHNIQUES

So far, two methods for determining harmonic distortion were dis-
cussed. The first, using a differentiating network, merely indicates
whether any distortion is present in the signal. The second is a method
of estimating the quantity of distortion.

Instruments for measuring harmonic distortion were discussed in
Chapter 1. One instrument, the wave analyzer, measures the ampli-
tude of each harmonic component and the fundamental. The data
from these measurements are substituted into equation 6-8 to cal-
culate the percentage of harmonic distortion.

Some engineers prefer to use a weighted value for percentage of
distortion. It is weighted as a function of the number of the harmonic.
The weighted distortion factor is:

i 2 4 &
L(\- (2E-)* + (3Es)* + (4E))* + (5E5) +) 5 Toi0 R
2 E,

Whichever system provides the most valid number for the percent-
age of distortion, it is certain that stated specifications will reject the
use of equation 6-13 because the distortion figure is larger than that
provided by equation 6-8.

A second instrument, the harmonic-distortion meter, first measures
the size of the composite signal—the fundamental plus the harmonics.
The fundamental is then filtered out, and the remaining harmonics
measured. The ratio of the two measurements multiplied by 100 pro-
vides the solution to equation 6-9 for percentage of harmonic distor-
tion. This percentage can be read directly on the meter, for the two
measurements are only relative. The reading is accurate at low per-
centages of distortion.

Exact readings must be made under exacting conditions. Several
factors must be taken into account so that the measurements will be
valid.

1. The response of the amplifier under test should be relatively flat.

Deviations will tend to weigh the reading in one direction or the

other. Switch out all filters and adjust tone controls to the best

position for a reasonably flat response.

Use only high-level inputs. Phono and tape-head inputs do not

have a flat response and will give weighted results.

3. Feed the amplifier from a low-distortion signal generator, or use
filters at the output of the generator.

4. The line voltage is a factor in the distortion reading. Adjust the
line voltage to a standard value with a variac, and monitor it
with a meter throughout the test. Use the line voltage at which

I~
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the amplifier is rated. If the range of voltage is not given, as-
sume 117 volts to be the standard.

. Make tests after the unit has been on for one hour. The power

transformer heats up with time, causing the d-¢ and filament
voltages to drop. One hour can be considered as the average
time an amplifier may be used. This can be used as a reasonable
standard.

. Measurements should be made at all audio frequencies.
. Measurements should be made at the I-watt level as well as at

the rated power of the amplifier.

. Observe the output from the distortion meter on an oscilloscope.

This is important in determining just what portion of the mea-
surement is due to distortion and what portion is due to hum
and noise. The percent of the measurement which represents
distortion should be calculated from the thickness of the signal
as it appears on the scope.

The dividing line between high fidelity and ordinary reproduction

has been considered 0.5-percent harmonic distortion. Amplifiers with
lower percentages of distortion do sound better and are thus most
desirable.
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CHAPTER 7

Intermodulation Distortion

The nonlinear characteristics of audio amplifiers arc measured in
various ways. The most common is to check the harmonic compo-
nents. Unfortunately, correlation between harmonic content and lis-
tening quality has been poor. Intermodulation-distortion measure-
ments are used with the hope of better matching measurements with
the subjective tests.

NONLINEAR CHARACTERISTICS

Like harmonic distortion, intermodulation distortion can be caused
by the nonlinear characteristics of the amplifying device. This non-
linearity is shown by the curves which describe the operation of these
devices. If a curve for the 12AT7 tube, for example, were plotted,
assuming a load resistor of 30,000 ohms in the plate, the resultant
nonlinearity would be obvious, as shown in Fig. 7-1. It can be seen
that a change of —2 volts from the operating point, —3 volts, to —5
volts in grid potential causes a change of 2.4 ma in the plate current,
while a change from —3 volts to —1 volt causes a plate-current change
of 2.7 ma. If the curve were linear, a grid-voltage change of 2 volts
in either direction would indicate a plate-current change of 2.4 or 2.7

PLATE CURRENT (15}

-7 ma

,é-ﬁ ma

¥ 5 ma

Vg

Fig. 7-1. Typical grid-voltage and plate- f— 4ma
current characteristic curve. CURVED —=f——T3ma
PORTION = 5

F— — 1 ma
6 -5 -4 =3 =2 -1 0 +1




ma at all times. If a 6-volt peak-to-peak sine-wave signal were ap-
plied to the grid circuit of this tube, one half would be amplified more
than the other half, as shown in Fig. 7-2. This distortion of the origi-
nal shape of the signal is due to the nonlinear characteristic of the
tube.

p
8 ma
& ma
4 ma
2ma

Eg

Fig. 7-2. A sine wave applied to a2 non-

Al
RUAMCH N linear portion of the tube characteristic.

MODULATION

To the technician, modulation is not a new concept. The radio sta-
tion sends out a modulation signal, as illustrated in Fig. 7-3. When
analyzed mathematically, an amplitude-modulated signal can be seen
to consist of a high-frequency carrier, such as 1 MHz, with an audio
signal, such as 400 Hz, changing the strength or amplitude of this
carrier. The result is a | MHz wave varying 400 times a second in
amplitude. When the variation of the 400-Hz modulating signal is

UNMODULATED

Fig. 7-3. Waveform of a modulated signal.

o
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N
Al

great in amplitude, the peaks and crests of the | MHz carrier are
greater; when the 400 Hz is low in amplitude, the carrier varies to a
smaller degree.

Also, this variation creates new frequencies. Not only are the 1
MHz and the 400-Hz signals being transmitted, but there are also sum
and difterence frequencies present. Thus, because of this modulation,
the following four frequencies (in hertz) are present: 1,000,000 Hz,
400 Hz, 1,000,400 Hz, 999,600 Hz. The latter two frequencies are
known as the sidebands.
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The same principle of modulation with sidebands is used in every
superheterodyne radio receiver. The 1000 kHz arriving from the ra-
dio station is mixed with 1455 kHz generated by the local oscillator in
the radio. The result is the creation of the sum freqency, 2455 kHz,
and the difference frequency, 455 kHz. Only the 455-kHz sideband
is amplified by the i-f amplifier; the 2455-kHz sideband is discarded.
This mixing of the two signals by the first detector is accomplished
because of the nonlinear action of this first tube. If this tube were
perfectly linear as far as its input-voltage—output-current character-
istics were concerned, there would be no mixing and no 455-kHz
sideband. (There are linear methods of modulation, but these are
seldom applied to a-m radios).

GENERATING INTERMODULATION DISTORTION

When this theory of modulation is extended to audio equipment,
the mechanics of intermodulation distortion becomes obvious. In
music, there is always more than one frequency present. Assume, in
the simplest case, that there are only two frequencies available—100
Hz and 5000 Hz. If the amplifier were perfectly linear, there would
be only two frequencies coming out of the unit—100 and 5000 Hz—
neither one of which would be distorted or mixed in any fashion.
However, if the amplifier were not perfectly linear—as is usually the
case—the 100 Hz and the 5000 Hz would mix, modulate each other,
and there would be the addition of the sum and difference frequencies,
5100 Hz and 4900 Hz. A mathematical proof of this is given in Ap-
pendix H. The amount of these sum and difference frequencies pres-
ent would constitute the intermodulation distortion.

However, this distortion goes one step further. Since the amplifier
is nonlinear, there is also harmonic distortion present. Thus, not only
are there 100 Hz and its harmonics such as 200, 300, and so on, but
there are 5000 Hz and its harmonics such as 10,000, 15,000, and so
on. There are also the sum and difference frequencies of these har-
monics present to add to the intermodulation distortion.

The higher harmonics usually have small amplitudes and may be
considered negligible. This by itself would narrow down the inter-
modulation-distortion components considerably. The components can
be further narrowed down when it is observed that higher-order side-
bands and harmonics are outside the audio range of 20 Hz to 20 kHz.
For this discussion, it will be satisfactory to use the two fundamentals
and their sidebands as the sole factors contributing to intermodulation
distortion.

This might give a clue as to why intermodulation tests correlate
better with listening tests than do harmonic-distortion measurements.
Harmonics are present in music fed to an amplifier. The added har-
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monics produced by an amplifier will therefore be masked somewhat
by the music. They may not be noticeable to the listener, and hence,
will not be considered too objectionable. But, if intermodulation dis-
tortion is significant, sum (@, + w.) and difference (w, — w.) fre-
quencics of two musical notes will be created in the amplifier. These
frequencies will tend to be more noticeable, even at low levels of dis-
tortion.

Whatever the true explanation for the correlation may be, one thing
is certain: the correlation is there. The exact mechanics for the crea-
tion of a variation in the amplitude of the high-frequency wave due
to the modulation by a lower frequency can be seen in Fig. 7-4. Here,
the high frequency is superimposed on the lower frequency in the grid
input circuit. Because of the nonlinearity of the relationship between
the grid input voltage to plate output current, there is a variation of
the high-frequency amplitude in the plate circuit of the tube. The re-
sultant amplitude of the high-frequency components is shown below
the output wave as a modulated signal.

The test for intermodulation distortion is straightforward. Two fre-
quencies are fed simultaneously to an amplifier. If the amplifier is
linear, only these two frequencics will appear at the output. If there
is nonlinear distortion, other frequencies will be present at the output,
along with the two signals which comprise the input. The presence of
newly created frequencies in a nonlinear system can readily be deter-

HIGH FREQUENCY SUPERIMPOSED ON
LOW FREQUENCY AT TUBE'S OUTPUT,

HIGH FREQUENCY SUPERIMPOSED|
?#P‘I:I?w FREQUENCY AT TUBE'S

RESULTING HIGH-FREQUENCY AMPLITUDE VARIATION
DUE TO MODULAT ION BY LOW FREQUENCY,

Fig. 7-4. Results of feeding two signals of different amplitudes to the curved portion.



mined from the mathematical analysis in appendix H. A large variety
of tests are possible for measuring intermodulation. Two are used in
various phases of the audio industry. One of them has been adopted
by most hi-fi manufacturers.

The first, recommended by the Society of Motion Picture and Tele-
vision Engineers (known as the SMPTE method), is used as a stan-
dard by much of the hi-fi industry. This method specifies that one low
frequency (between O and 400 Hz) and one high frequency (between
1000 Hz and 12 kHz) be fed simultaneously to the amplifier under
test. Stringent test methods require that the higher frequency be half
the upper-frequency limit of the amplifier and that the lower frequency
be the low-frequency limit of the amplifier.

A second test would be performed using the same upper frequency,
with 100 Hz as the lower frequency. However, the industry has more
or less settled on one test only, usually using 60 and 7000 Hz. These
are referred to as @, and w, respectively.

The ratio of the amplitudes of the lower to the upper frequency is
4:1, or a difference of 12 db. The output from the gencrator appears
somewhat as shown in Fig. 7-5B. One pair of sidebands generated
using this type of test is at frequencies (w; + w») and (@, — w.).
Call the amplitudes of these sidebands A, and Ay, respectively. An-
other pair of possible sidebands is (w; + 2w») and (w; — 2w.). Re-
fer to the amplitudes of these frequencies as Ac and Ap, respectively.
There are additional sidebands, but they are not required in this anal-
ysis.

If the relative amplitudes of individual sidebands can be measured
on a harmonic analyzer, the percentage of intermodulation distortion
can be determined from equation 7-1. E, is the amplitude of the
higher frequency fed to the unit under test.

((A_a + Ap)® + (Ac + Ap)®

E.? )2 X 100% (7-1)

&2

k.

BIANY 4 W

(A) Sinusoidal signal. (B) Sinusoidal signal mixed at a

ratio of 4:1.

Fig. 7-5. Intermodulation sine waves.
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The SMPTE method indicates the effect which low-frequency non-
linearity has on a high frequency. The second, or CCIF (International
Telephonic Consultive Committee) method of measuring intermodu-
lation distortion, is uscd to check the other end of the band.

[n this latter method, two high frequencies of identical amplitude
are fed to an amplifier, If distortion is present, sum and difference
frequencies will be formed. The difference frequency is considered
more indicative of distastful distortion, so that the percentage of dis-
tortion, using this method, can be determined from:

Amplitude of difference frequency

: % 100%
sum of amplitudes of two test signals

Once again, a harmonic analyzer can be used to determine the rel-
ative amplitudes of the various components. If the two high frequen-
cies are distorted, the generated low frequency will indicate the
amount of distortion present. All portions of the high-frequency end
of the spectrum can be checked simply by shifting (in frequency, not
amplitude ) the two test frequencies while maintaining a constant dif-
ference frequency. An increase in amplitude of this difference fre-
quency indicates just where the amplifier under test fails.

Each method provides significant results. It is impossible to pin-
point one method as more indicative of quality than the other. The
SMPTE method will be discussed in detail only because it has become
more widely used and not because of any apparent superiority.

SMPTE METHOD

A test setup used for measuring intermodulation distortion is shown
in Fig. 7-6. The output from the amplifier is connected across an ac-
curate load resistor, R,. If the output is sinusoidal, the power, W,
delivered by the amplifier is determined by measuring the rms voltage,
E, with the output meter. The power may then be calculated from:

W =E*/R,, (7-2)
where,

W is the power,

R,, is the value of the load resistor,

E is the rms voltage.

The peak voltage is E,. The rms value of this, E, is E,/V/2. The
rms voltage across the resistive load, R;, is used to determine the
amount of power dissipated in the load. Making use of equation 7-2,
and letting E = E,/V/2 and E2 = E,*/2, the power due to the sine
wave in Fig. 7-5A is:

W = (E;*/2) (1/Ry) (7-3)
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In order to measure intermodulation distortion, a signal similar to
that in Fig. 7-5B must be fed to the amplifier. The peak voltage at the
output of the amplificr must be identical to that of E, in Fig. 7-5A,
if the intermodulation test is to be made at the equivalent level as the
harmonic-distortion test described in Chapter 6. This is necessary to
maintain the identical voltage swing in the amplifier in both cases.

QuTPUT
METER
INTERMOD.
g DISTORTION

SCOPE ANALYZER
Rt . /
AMPLIFIER =¥ 9 N
MIXER [ UNDER TEST 2 |
3 ° o0
I O
7 kHz LOAD
RES ISTANCE

MIXES SIGNALS TO GET CURVE IN
(BYOF FIG. 1, AMPLIFIER RATIO
I:F 1[D'N TO HIGH FREQUENCY IS

Fig. 7-6. Test setup for measuring intermodulation distertion.

To produce this condition:

Eu = Evl it Evu (?'3)
where,
E, is the peak amplitude of the sine-wave signal,
E,: is the peak amplitude of the low-frequency signal,
E,- is the peak amplitude of the high-frequency signal.
E,; and E,. are both used in the intermodulation tests.

When a peak-to-peak type of output meter is used, the required out-
put level can be found quite easily. The peak-to-peak levels are iden-
tical in both the sinusoidal and modulated cases.

For example, assume you wish to measure the intermodulation dis-
tortion at an output level of 25 watts, and the load resistor, Ry, is 16
ohms. If a pure sinc wave were fed to the amplifier, the rms voltage
across the 16-ohm load resistor would have to be, from equation 7-2:

E* s =RiW =16 (25) = (400 volts)*
and,
E.ue = 20 volts

The peak voltage is E, = /2 Ene = /2 (20) = 28.2. A peak-to-
peak reading meter will read double this, to 56.4 volts. To measure
intermodulation at this level, the peak-to-peak signal must also be
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56.4 volts, and can be read dircctly on the peak-to-peak scale of the
output meter,

Although the peak-to-peak output voltages in the sinusoidal- and
modulated-signal cases are identical, the power delivered to the load
is different in both instances. Because of this, a ratio must be estab-
lished between the measured power on a meter and the actual power.
A tigorous deviation of this ratio is given in Appendix 1.

Assume a signal of 1 volt is superimposed on a signal of 4 volts.
The maximum voltage applied will then be 5 volts. (See Fig. 7-5B.)
Power is proportional to the square of the voltage for P = E*/R.

Both frequencies deliver their individual amounts of power to the
amplifier output. The true power output is actually the sum of the
powers delivered by each frequency component. In this case, the out-
put power is proportional to (4 volts)® + (1 volt)?.

The power output for the maximum signal voltage (5 volts) is pro-
portional to 5% The ratio of the maximum signal power to the actual
power is 5%/ (4*+ 1) =25/17, or 1.47. Thus, to find the true
power, the actual power indicated on the meter when making the in-
termodulation test is multiplied by 1.47. Amplifiers are rated at this
power, commonly called “equivalent sine-wave power.” This refers
to the power in a sine-wave signal whose peak voltage equals the peak
voltage of the intermodulation signal.

The procedure for setting the output level from an amplifier can
be accomplished as follows. The numbers stated above will be used
in this example.

1. Assume you wish to measure the distortion at the equivalent of
25 watts of sinusoidal output. The rms power of the intermodu-
ulation signal is 17/25 of 25 watts, or 17 watts.

2. If the load resistor, R;, is 16 ohms, the voltage across it for 17

watts of output is V... = VWR = V/(17) (16) = 16.45 volts.
3. Adjust the input so that the rms-measuring output meter will

show 16.45 volts. This is 25 watts of equivalent sine-wave

power. Measure the intermodulation distortion at this level,

Little error would be introduced if an average measuring meter
were to replace the rms measuring meter. In either case, the rms scale
should be used for the reading. Use the intermodulation analyzer in
accordance with the instructions supplied by the manufacturer of
your particular instrument. On most instruments, the input to the
amplifier under test and the analyzer are mounted on one common
chassis. There is a common ground between the input and output.
This can lead to complications.

On some stereo amplifiers, the 4-ohm tap on the output transformer
is connected to ground. The ground at the input and the common
ground at the output of these amplifiers must be isolated from each



other to permit the intermodulation test. An isolation transformer
must be used at the output of the amplifier, as shown in Fig, 7-7. The
transformer should have at least double the power capabilities of the
amplifier under test and should have a 1:1 turns ratio.

16 : — It ANALY ZER
= APLIFI
1?:%1‘%3 ¥ UNDER TEST
= ISIGNALS
o MIXED4: 1)
] < = INPUT] S © O ]
ISOLATION I?
TRANSFORMER

L: 1 RATIO IS DES IRABLE FOR
GOOD AUDIO CHARACTERISTICS

Fig. 7-7. lsolation transformer used when common tap of output transformer is
not grounded.

TYPICAL IM ANALYZER

Fig. 7-8 shows a theoretical schematic of an intermodulation ana-
lyzer and the method of operations. In Fig. 7-9 two signals having an
amplitude ratio of 4:1 are combined and fed into the audio amplifier.

INPUT TO s )
ANALYZER . 2
3 = +
‘ =
o= - s
MEASURES M | | STa sy
- SET LEVEL e |
oo #
VIVM OR
EQUIVALENT
SGNAL FROM AMPLIFIER,  HIGH-PASS FILTER. OETECTED SIGNAL. £ ILTERED OUTPUT.
HIGH FREQUENCY SUPER-  ONLY HICH FREQUENCY  LOW FREQUENCY LEFT. N HIGH FREQUENCY.

IMPOSED ON LOW FREQUENCY, GF VARYING MAGNITUDE  SOME HIGH FREQUENCY  ONLY LOW FREGUENCY
COMPDNENT STILL IN LEFT,

IMME

Fig. 7-8. A simplified schematic of an intermodulation analyzer.
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Fig. 7-9. Arrangement of generators and amplifier for making intermedulation test.

Coming out of the audio amplifier are the two signals modulated, with
the amplitude of the low-frequency signal varying in accordance with
the high-frequency signal, The high-pass filter in the analyzer elimi-
nates the low-frequency component and passes only the high-fre-
quency component, which has a low-frequency amplitude variation
caused by the distortion in the amplifier. This modulated signal is
used to set the reference-voltage level for a vacuum-tube voltmeter.
The modulated signal then passes through a detector similar to that
found in a radio receiver. The resultant signal is the low-frequency
component which originally modulated the high frequency. The low-
pass filter bypasses any of the high frequency left after detection, with
the result that only the modulating low-frequency component is left.
This component is a measure of the actual amount of intermodulation
distortion created by this amplifier. Feeding this signal to the vtvm
and comparing it with the original amplitude of the 7000-Hz modu-
lated signal indicates the percentage of intermodulation distortion.

To specify intermodulation distortion by itself is not enough. The
method used for testing is significant. Measuring intermodulation dis-
tortion using the SMPTE method, it will be found that distortion be-
low 2 percent cannot readily be detected by the ear. Values measured
by the CCIF method cannot be related directly to those obtained by
the SMPTE method.

PREAMPLIFIERS

The circuit shown in Fig. 7-6 can be used to measure distortion in
preamplifiers as well as power amplifiers, although, when testing pre-
amplifiers, the load resistor, R;, must be omitted from the setup. It
should be replaced by a 100k resistor shunted by a 1000-pf capaci-
tor.

The 17/25 fraction is no longer valid, for it is not power that is of
prime concern here, but solely voltage. The usual convention is to
rate the intermodulation of a preamplifier at levels determined by an
output reading on an average or rms measuring instrument. The 4:1
ratio of signal amplitudes fed to the power amplifier can also be ap-
plied to the low-gain section of the preamplifier because the gain is
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relatively uniform over the entire audio spectrum. The percentage of
distortion can be read as in the power-amplifier case.

But how should equalized stages be measured? No convention has
been established to measure distortion originating in this section of
the amplifier. But the following considerations should be noted.

If the ordinary 4:1 mixed signals were fed to an equalized pream-
plifier, the high-frequency sideband components would usually be at-
tenuated and the low frequencies emphasized. This type of signal
mixture at the input to equalized playback stage is not usual.

Let us assume a complete recording system is under test. Two sig-
nals at 4:1 ratio would be fed to the recording preamplifier and re-
corded on a disc or tape. When these two signals are played back,
their ratio at the output of a properly equalized preamplifier would
still be 4:1; but there would also be the additional components pro-
duced because of intermodulation distortion. The measured intermod-
ulation would be the total distortion from all factors—the record pre-
amplifier, the recording medium (disc or tape), and the playback
preamplifier.

We are interested only in the distortion due to the playback pre-
amplifier itself. To be representative, the output from the preamplifier
should consist primarily of the signals at the 4:1 ratio. The signals
from the distortion analyzer should be mixed in the proper proportion
and fed to the preamplifier so that this ratio will be maintained at the
output, Intermodulation components due to the nonlincarity of the
preamplifier can then be measured in the conventional manner. The
following procedure may be used to perform this test.

I. Feed the lower frequency into the preamplifier. Adjust the level
control on the generator to read | volt on the output meter.

2. Remove the lower frequency and feed the upper frequency to
the preamplifier. This time, adjust the level control on the sec-
ond generator for an output reading of 0.25 volt.

3. Mix the two signals and feed them together to the preamplifier.
Adjust the combined signal-level controls so that the meter at
the output indicates the voltages at which the distortion mea-
surement is required.

4. Read the percentage of distortion, as usual.

Although many people measure distortion by simply feeding two
signals with a 4:1 ratio to the input of the preamplifier, the above
detailed procedure will probably provide a more valid reading.
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CHAPTER 8

Power

Force, energy, and power are three common words used in everyday
speech. Many times these words are misused by writers and physicists,
but the student must always remember that these three terms have
distinctly different meanings. Power means the rate at which work
is done, the amount of work done, or energy transferred per unit
of time. Energy is the capacity for performing work, and force is
any physical action capable of moving a body or modifying its
motion.

Work has been defined by the product of force x distance, (fd),
so that the above definition for power may be expressed by the
equation: '

P=fd/t=1f(d/t) =1fv
where

fd is force X distance,

P is power,

t is the time for each cycle,

v is average velocity.

ELECTRIC POWER

No single component of audio equipment has been presented more
loosely nor created more confusion than has its power. Four catego-
ries of power ratings are frequently found in the various specification
sheets. They are continuous sine-wave power, peak-power, Institute
of High Fidelity (IHF) music power, and now, dynamic output. The
fourth is only a fancy term for music power. In each instance, the
required measurement can be made with the setup shown in Fig. 8-1.

The input to the amplifier is fed from a low-distortion source of
sinusoidal signal (or square-wave or modulated signal, where re-
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quired). A resistive load, R, is substituted for the speaker system.
The output voltage across the load is measured with an a-c meter.
The distortion level is determined from the reading on the distortion
meters and observed on the scope. The scope may be calibrated and
used to measure voltages.

The power delivered by the amplifier to the resistive load can be
calculated from the voltage, E, rcad on the a-c vtvin. Assuming that
the output meter reads rms voltages, the familiar equation:

P=E¥*R (8-1)

will be used. The procedure is self-evident when continuous sine-wave
power is to be determined.

p-p RMS
AC AC
VTVM YTYM
S INE WAVE . l l
SQUARE WAVE POWIER 4 Scope
IM AMP
SIGNAL GENERATOR 1 : o

RLOAD RESISTOR ]

HARMINIC AND 1M
DISTORT ION METER

Fig. 8-1. Setup for measuring power input.

SINE-WAVE POWER TO PEAK POWER

The voltage that appears at the output of an amplifier (across the
load resistor) takes the same form (exclusive of distortion) as the
voltage input to the amplifier. The usual input-signal voltage is in the
form of a sine-wave (Fig. 8-2). It is obvious that the amplitude or
voltage of this waveform varies through a complete cycle.

Just what voltage represents an average value for the sine wave, to
be substituted into equation 8-1 to calculate the average power out-

AMPLITUDE

__E'__ /
“Emax
| P \e® s i

£
=T U e e
Emﬂl’
L i

Fig. 8-2. Shape and di i of an a-c cosine wave.
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put, can be derived mathematically. It is first necessary to set down
the equation of the sine wave or cosine wave—depending on the
placement of the zero axis or starting point of the wave.

e = E,ux cos 2mft (8-2)
where,
e is the actual voltage at any instant of time,
E.ax is the peak or crest voltage of the cosine wave,
f is the frequency of the cosine-wave,
t is the time for each cycle.

After some minor mathematical manipulations (see Appendix J)
we conclude with the well-known expression for the effective or rms
voltage:

ET'J'I'I-‘: e El]lllxi; fj Or E‘[JII[Y = ﬁ Er[]ih (8-3)

Where the above is substituted into equation 8:1, the power in the
sine wave becomes:

Puv = Ermsz/R (8_4)

The sine wave goes through a peak. If this peak were extended
over a complete cycle, it would result in a power:

PIw:lH = -Emuxu/R — (\/E Er‘ul-.-'Je/R
from equation 8-3. Peak power is then equal to:
Z(E['HIII)Q/R = 2’Pl'l‘n' (8-5)

Thus, if the voltage at the peak of the sine wave were extended for
a complete cycle, placing emphasis on extended for a complete cycle,
the peak power output would be equal to twice the average sine-wave
power output.

Equation 8-5 would tend to indicate that all requirements for deter-
mining peak power can be met by a simple measurement and calcu-
lation: Determine the continuous sine-wave power from measure-
ments and multiply that figure by two. This is exactly the procedure
followed by many specifications writers.

SQUARE-WAVE POWER

Amplifiers are not meant to deliver sine-wave power only. Audio
amplifiers are required to reproduce the more complicated wave
shapes created by speech and music. The ultimate combination of an
infinite number of sine waves superimposed on each other is the
square wave shown in Fig. 8-3.

The square wave does not vary throughout the complete cycle as
extensively as does the sine wave. During each half of the cycle, the
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squarc wave behaves as if it were d-c. Since the voltage, E, .., re-
mains constant through 180 degrees, the average voltage is obviously
E,.x. Since the same voltage exists in the negative half of the cycle,
the effective or rms voltage of a square wave through a complete cycle
is Em:lx-

Measuring the squarc-wave power delivered by an amplifier is anal-
ogous to that of the sine-wave cxample (Fig. 8-1). An audio-fre-
quency square wave is fed into the input of the amplifier. The output
is observed on an oscilloscope. The gain is turned up until the maxi-
mum output is reached while the rectangular shape is retained. A
peak-reading voltmeter is connected across the output load resistor.
The power is calculated from:

plll-uk - E"."!:/R (8-6}
where,
E,uyx is the peak VO“ElgC.

Most meters are designed to indicate peak-to-peak rather than just
one peak, In this case, E,, (peak-to-peak voltage) is 2E,ux, 0T Eyuy
= E,;.,/2. Then the power is shown by the equation:

s ‘l E"_IIE

3 EII ] i
Ppm\k g ('_2_') 'ii - ﬁ' (8‘?)

The voltmeter and resistance readings are then substituted into
equation 8-7. Results can differ considerably from those determined

using cquation 8-5. Which is valid? The answer will follow the de-
scription of the IHF power rating.

AMPLITUDE
r e
£ mayx
Ep-p | t t ig. 8-3. Sh d dimensi f
% ® o 180° 270° 3600 g ape an imensions of a

max square wave.

1
'—l—.-‘

IHF MUSIC POWER AND DYNAMIC OUTPUT

IHF music power is identical to sine-wave power, except that it
assumes that the power-supply voltages do not change with signal
level, In this measurement, all d-c supply voltages are maintained
constant by using regulated external power supplies. Using these sup-
ply-voltage conditions, the sine-wave power is measured at a prede-
termined distortion level, as described above. The IHF power is con-
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siderably above the figure determined in the original sine-wave power
test. Many manufacturers use this rating.

Peak IHF music power is calculated from the THF measurement
by multiplying the JHF figure by two. This follows the logic of the
peak continuous sine-wave power just discussed in equation 8-5. In
any of the above measurements, special precautions must be observed
if a transistor power amplifier is under test. While tubes can take volt-
age and power dissipation overload for a short period of time without
being destroyed, this is not true with transistors. An instantaneous
overload can destroy the power transistor.

Indeed, caution must be observed that the transistor is not over-
loaded at any time. Double check the transistor characteristics before
applying a sine wave which will drive the amplifier to full output. Be
even more cautious with the square-wave signal. In cither case, do not
feed the signal through the amplifier for a longer period of time than
is absolutely required to make the test. The transistor may overheat
and result in thermal runaway,

Transistor amplifiers are usually transformerless. It has become a
practice throughout much of the industry to test for rms power using
an 8-ohm load at the output, and for music power using a 4-ohm
load. This is due to the characteristic of output transformerless cir-
cuits in which more power can be delivered to lower values of load
resistors.

Do not use a lower value of impedance or resistance at the output
of a transistor amplifier than is recommended by the manufacturer.
At high output-signal conditions, the output transistors can be over-
loaded and destroyed. Ideally, these precautions should not be neces-
sary. But at the present state of the art, they are vital.

SENSE OR NONSENSE

Each type of power rating has its own merits and drawbacks. The
discussion below is opinion only, although it is based on fact, Oppos-
ing opinions can be stated with cqual conviction and justice.

Continuous sine-wave power measurements make a lot of sense if
the amplifier is to be used to amplify continuous sinc-wave signals.
But high-fidelity amplifiers arc used for instantancous sounds, such
as music and speech.

The d-c supply voltages in class-AB amplifiers change from the
quiescent values when the amplifier is delivering its maximum con-
tinuous output power. However, with music or speech as a signal
source, the voltages do not vary so much, because of a rapidly chang-
ing signal level. Power-supply time constants are too high to follow
rapid signal variations. It appears to be more realistic to use the IHF
music rating rather than the coatinuous sine-wave output as the stan-
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dard. It should also be remembered that the “low loading™ power
amplifiers were based on this premise. No one, as yet, has actually
disproved this.

However, music can incorporate sustained notes which will cause
a variation in the supply voltages. In that case, the continuous sine-
wave power is the most valid measurement. In reality, both figures
should be stated. An extreme difference between the two indicates a
poor amplifier due to inadequate power-supply regulation. Low-fre-
quency instability, such as motorboating, should be checked in any
amplifier where the difference between these two figures seems exces-
sive.

A big difference also indicates that the d-c supply voltages will
probably vary considerably with the various instantaneous music lev-
els. At which supply voltages does one make the harmonic-distortion
test? In this instance, distortion data would appear to present a dis-
torted view of an amplifier's capabilitics.

As for peak power, the value 1s arrived by multiplying the con-
tinuous or IHF power by the figure 2. This number looks impressive
on specification sheets, but has little significance unless the data sup-
plied by the manufacturer are divided by a factor of 2.

Measurements made using the square-wave test described are more
significant. It not only covers power-supply weaknesses, but encom-
passes circuit and output-transformer inadequacies or capabilities as
well. The above measurements are usually made at 400 Hz or 1000
Hz. High power output at low distortion levels is important at all seg-
ments of the audio spectrum between 50 Hz and 10 kHz. Some experts
would extend the importance even beyond these limits. However,
speaker and ear limitations seem to make this range sufficient for most
reproduction requirements. The measurements should be conducted
to supply data at these frequencies. A curve should be plotted showing
this data,

As a last factor, intermodulation distortion must be considered.
Should an amplifier be rated at a predetermined intermodulation-dis-
tortion level or at a predetermined harmonic-distortion level? Prob-
ably both ratings are important. An intermodulation distortion versus
power curve should be supplied with cach amplifier. The significance
of the intermodulation curves should not be ignored, especially in
transistor amplifiers. One common characteristic is that the intermod-
ulation rises at low power levels. This characteristic is much less de-
sirable than high intermodulation at rated power, A typical curve 1s
shown in Fig. 8-4,

Ratings for stereophonic amplifiers are unusually unrealistic. The
current practice is to determine the rating of one amplifier (such as
the left channel), and multiply this figure by 2 to encompass the two
power amplifiers (left plus right channel). Although reasonable for
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IHF ratings, this procedure does not include the power-regulation
factors important in the continuous power test. To compound matters,
the result is frequently multiplied by a second factor of 2 to present
an astronomical continuous peak-power rating.

By means of this number, it can be shown that virtually no low-
power amplifiers exist (although in reality they are the most preva-
lent). Manipulation of numbers can easily raise a dual 2 1-watt stereo
amplifier to a rating of 80 watts. This can be done as follows:

A 12-watt amplifier can easily have an 18-watt music power rating.
Two such amplifiers on one chassis means that 36 watts of [HF power
is available. Multiply this by 2 and you now have a 72-watt peak THF
power amplifier. How come 80 watts? After all this, is it so terrible
to cheat a tiny bit for a measly 8 watts? And if your line voltage is
high, you’re not really cheating.

=
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SOME METHOD OUT OF CHAOS

An accurate method of stating power can be derived from two sets
of power curves showing the rms power output over the entire range
from 20 Hz to 20 kHz.

First, plot the power output for a constant voltage input throughout
the complete audible range. Do this at the rated power output, 3 db
below rated output, 6 db below rated output, and at the Y2-watt out-
put level. This shows the complete power and frequency response of
the amplifier.

In a second series of curves, plot the power output that can be
obtained at several harmonic-distortion levels between 0.1 percent and
2 percent. These two sets of curves, when studied carefully, can reveal
much more about an amplifier’s power output than any meaningless
astronomical figures. The curves should become part of the standard
specifications supplied by manufacturers.
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CHAPTER 9

Sensitivity, Overload,
Hum, and Noise

Each of the four factors listed in the title seems to be an indepen-
dent item. Careful consideration will show their close relationship and
interdependence,

SENSITIVITY

Sensitivity of an amplifier determines how much signal (voltage or
power) must be fed to it so that it can deliver its rated output. As an
example, consider a signal fed to the tuner input on a 20-watt ampli-
fier. If it is necessary to feed an input signal of 0.3 volt in order for
this amplifier to deliver 20 watts, then the amplifier has a sensitivity
of 0.3 volt for 20 watts of output. A setup for measuring this sensi-
tivity is shown in Fig. 9-1. The procedure is as follows:

First, feed a 1000-Hz signal from an audio signal generator to the
amplifier. Set all controls on the amplifier for the most lincar response
at the output while the volume control is at maximum. Adjust the
output from the signal generator so that 20 watts is developed across
the load resistor, R;, at the output of the amplifier. The output power
can obviously be determined by dividing the load resistance into the
square of the voltage read on the a-c output meter, Now read the volt-
age on the input meter. This is the sensitivity of the amplifier for 20
watts of cutput power. This same procedure can be repeated to check
the magnetic phonograph, tape head, microphone, etc., sensitivities
of the amplifier.

The sensitivity is specified at the rated power output of the ampli-
fier. This does not permit you to compare directly the sensitivities of
two units with different power ratings, and it does not give you one
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output level on which to base all measurements. When the specific
sensitivity of an amplifier is stated, it is necessary to indicate the ref-
erence used. As yet, no standard output for use as a reference has
been established.

In order for two amplifiers with different output capacities to be
compared, their inputs must be measured when they are each deliver-
ing identical outputs. This information can be calculated from the
given data. If the smaller amplifier delivers an output power Py for
an input of v, volts, it is only necessary to find the input v, volts re-
quired from the second (and larger) amplifier to deliver the same P,
watts of power.

AC VTVM pos—
el (QUTPUT
. P
/ / SCOPE
n e
AMPLIFIER
AUDIO
SIGNAL  o—— UNDER TEST ] OSCUPEO
GENERATOR ¢ 4 o wruT| g3 9 o
[ % INPUT Lir
OAD DISTORTION
W RESISTOR NETER
0
-

Fig. 9-1. Measuring the sensitivity of an audio power amplifier.

Assume that the larger amplifier is rated at v. volts of input for Py
watts of output. The desired information is the required voltage input,
vy, for an output of Py watts from the larger amplifier, It may be cal-
culated from the formula:

V.= Vs (g{)l- (9-1)

The derivation of this can be found in appendix K. The comparison
between v, and v; will let you determine which amplifier has the
higher sensitivity. The lower number indicates the amplifier which has
more gain and higher sensitivity.

As as example, consider two hypothetical amplifiers. One requires
an input of 0.2 volt for an output of 10 watts. The second requires
an input of 0.6 volt for an output of 40 watts. Which is more sensitive?

From the equation 9-1:

3 P\ E v
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The 40-watt amplifier requires 0.3 volts for 10 watts of output,
while the 10-watt unit requires only 0.2 volt. The 10-watt unit is
therefore more sensitive than the 40-watt amplifier.

OVERLOAD—MAXIMUM INPUT SIGNAL

This factor is seldom given in a set of specifications. Yet, it is as
important as any other factor limiting an amplifier's ability to per-
form. Every vacuum tube and transistor has its limits of operation.
Consider the circuit in Fig. 9-2 A, and the typical characteristic curve
in Fig. 9-2B. The grid is biased to —1 volt because of the cathode
resistor and plate current. The grid voltage can swing only as far neg-
ative as —2 volts before plate current will cease to flow and the tube
is in the cutoff region. It can also swing in the positive direction to
“0” before a second limiting region, saturated plate current, is
reached. This swing can be caused by an input signal, E,,, at the grid,
superimposed on the d-c bias voltage. If the voltage swing is out-
side the O to —2-volt region, the tube will distort the signal, The grid
circuit will be overloaded. This overload voltage is a limit on the am-
plifier’s ability to accept an input signal.

The placement of the volume control determines the overload char-
acteristic of the overall amplifier. If the volume control is placed be-
fore the first amplifier stage, the amount of input signal reaching the
grid circuit at the amplifier is limited by the setting of the control.
Very large signals can be fed to the input, but only a small signal will
be present at the grid. The amount of signal the circuit will accept is
practically limitless. A strong signal cannot overload the circuit.

Now suppose the volume control follows the vacuum-tube circuit.
There is nothing to limit the size of the signal between the grid and
cathode. A signal greater than the +1-volt peak at the input will over-
load the amplifier tube. The rms voltage swing this amplifier will ac-
cept before overload is 1/(2)1/2,
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(A) Tube circuit. (B) Vacuum-tube characteristics.

Fig. 9-2. A typical vacuum-tube circuit and tube characteristics.
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(A) Beftore amplifier tube. {B) After amplifier tube,

Fig. 9-3. Two possible locations for a volume control in a circvit,

To check the overload ability of an amplifier, use the circuit in
Fig. 9-1. First, with the volume control fully up, measure the distor-
tion at the I-watt or 1-volt output level. (Control the amount of sig-
nal fed to the amplifier at the signal generator.) Then turn the volume
control down so that the output is reduced | or 2 db. Increase the
output signal from the signal generator until you once again have 1
watt or 1 volt at the output, Measure the distortion again. If it has in-
creased. you have passed the capability of the amplifier to accept
signal. If distortion remains constant, repeat the procedure until the
distortion does begin to rise. At this voltage, you have reached the
amplifier’s limits to accept input signals.

Should the volume control follow the amplifying device as in Fig.
9-3B, these limits can be easily rcached. If it precedes the tube or
transistor, the limit of your signal generator to produce signal will be
reached before the amplifier’s limits are reached. With an ideal vol-
ume control (zero resistance between the wiper on the control and
ground), the limit will never be reached for the circuit in Fig. 9-3A.

The importance of overload cannot be overemphasized. Because of
several considerations, magnetic phonograph, tape head, and micro-
phone preamplificrs must be placed before the volume control. Un-
less the preamplifiers can accept the peak signals the transducers can
produce, the integrated preamplifier—power-amplifier combination will
deliver a distorted output, even though the power-amplifier section
has not reached its own limits in delivering power.

Although the overload problem can be severe in vacuum-tube am-
plificrs, its serious consequences are magnified in transistor circuitry.
Because of low collector supply voltages (when compared to plate
supply voltages), the undistorted signal-swing capability is small. The
tendency to overload is apparent much sooner than in the vacuum-
tube example. In a good design, only a very small signal from a mag-
netic phonograph cartridge, tape head, or microphone preamplifier
will precede the volume control. While a cathode follower can precede
the level control in vacuum-tube units, the emitter-follower must be
fully checked before being placed in this position,
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HUM AND NOISE

Most types of undesirable audio interference can be classified under
the category of either hum or noise. Power-line frequencies or their
harmonics may appear at the output of an amplificr.

Because of its nature, hum is more prevalent in vacuum-tube than
in transistorized preamplifiers. Assuming a well-filtered power supply,
hum in vacuum-tube units is usually induced into the signal circuit
through direct radiation from the power transformer, from filament
leads running near grid circuits, and from heater-cathode leakage.
Under similar conditions, with an extremely well-filtered power sup-
ply, hum can be induced into the signal circuitry of transistor units
only by direct radiation from the power transformer. This assumes
that normal precautions have been taken to dress all current-carrying
leads sensibly.

Transistor as well as vacuum-tube circuits are subject to noise.
Noise is @ more random interference than is hum. It does not follow
a set, repetitive pattern. It appears as hiss at the speakers.

Either type of circuit produces noise because the components in
the circuit generate noise due to random electron motion. The noise
voltage at the terminals of a resistor is proportional to the square root
of the temperature, resistance, and bandwidth under consideration.

In triode tubes, the types primarily used in audio amplifiers, two
types of noise are most prevalent. The first, known as shot noise, is
caused by the random rate of emission of electrons from the cathode.
The noise here is proportional to the square root of the d-¢ plate cur-
rent and the amplifier’s bandwidth.

The second major cause of tube noise can be traced to ions formed
in a tube by the collision of the traveling electrons and any residual
gas left after the “vacuum” has been formed. These ions cause grid
current, with the associated shot noise, and also cause variations in
space charge.

Transistor noises can be traced to three primary factors. First, there
is the famous 1/f semiconductor noise at low frequencies. This states
that noise generated by the transistor material is inversely propor-
tional to the particular section of the frequency spectrum under con-
sideration. Thus, the components of noise at 60 cycles due to the
semiconductor material is double the noise components at 120 cycles
due to the material. Some experts feel that the importance of this has
been exaggerated out of proportion.

The second cause of noise is the random motion of conduction par-
ticles from the emitter to the collector and back. This is the shot effect
in transistors. There is also the thermal noise due to base resistance.
It has been shown cxperimentally and theoretically that noise is di-
rectly dependent on the size of the resistance of the signal source.
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Transistors used for audio equipment are usually pretested for
noise and given a noise-figure rating. The noise figure, F, is:

_ Signal-to-noise ratio at the transistor input
" Signal-to-noise ratio at the transistor output
_n e Noise at the transistor output
" Gain "~ Noise at the transistor input

(9-2)

(9-3)

This ratio is usually checked for a l-cycle bandwidth at 1000 Hz
and is considered valid because it is within the 1/f region. It is known
as the spot noise. A more reasonable noise figure would consider the
entire band used in the amplifier. However, experience has shown
that the spot-noise figure correlates well with the results obtained
experimentally.

Feedback is usually prescribed as a cure-all. It reduces distortion
from an amplifier. It will reduce the noise (theoretically, at least) by
the same amount that it reduces the signal. Thus, the all-important
signal-to-noise ratio will remain unchanged. If the feedback is taken
over several stages, the ratio may be increased because noise gener-
ated in later stages will be fed back to the earlier tubes or transistors
in the circuit, where it can be further amplified.

Noise should be reduced if feedback is taken around a noisy stage.
However, the noise is of such random nature that the feedback net-
work may not respond fast enough to the noise impulses. If it does
reduce noise, the reduction will probably not be as great as calculated
from the feedback factor, 1 — AB:
where,

A is the gain of the amplifier without feedback,

B is the ratio of the feedback signal to the output signal.

Hum and noise were considered here under one heading because
practical measurements usually consider both at one time rather than
as two individual elements. The following steps can be used to check
the total hum and noise output from an amplifier. Use the setup
shown in Fig. 9-1.

1. Remove all input signals from the amplifier.

2. Put a resistor load across each input. These resistors should
match the output impedance of the components feeding the am-
plifier, The impedance of a magnetic cartridge or tape head is
several thousand ohms, the impedance of a ceramic cartridge
and crystal microphone is several hundred thousand ohms, and
the output impedance from the cathode follower in a tuner is
usually somewhat above 500 ohms. The magnetic cartridge or
tape-head inputs can be properly loaded with a 3300-ohm re-
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sistor, the ceramic or crystal-transducer inputs with a 470,000-
ohm resistor, and the tuper input with a 1000-ohm resistor. To
make the test on a tuner input more stringent, a 10,000-ohm
resistor can be used. This will take into account the units that
do not use cathode or emitter followers at the outputs.

As with the vacuum-tube units, the inputs to transistor ampli-
fiers should be loaded when hum and noise tests are made. Al-
though the output impedance of a transistor tuner using an
emitter follower is lower than the output impedance of a vac-
cum-tube unit, the recommended input load resistors are the
same as those used when testing vacuum-tube amplifiers. This
will take into account the many vacuum-tube tuners used with
transistor amplifiers. The only exception to the rule is the micro-
phone input.

Transistorized equipment will seldom accommodate crystal
or ceramic microphones. Lower-impedance dynamic micro-
phones are more likely to be used. If a low-impedance dynamic
microphone is to be specified for use with an amplifier, load the
input with a 470-ohm resistor; if a high-impedance type is spe-
cified, use a 27,000-ohm resistor at the input. In either case, the
resistors can be chosen arbitrarily. The values itemized above
will simulate the worst possible input conditions.

. Set all controls so that the output from the amplifier is flat. Turn
the level control to minimum, and note the output voltage. Refer
to this as Vy, the residual hum and noise voltage at the output.
. Turn the level control up for maximum output. Set the input
selector to one of the inputs—Ilet us say the tuner—and note
the output voltage. This is Vo, the noise and hum voltage from
the tuner channel in the amplifier.

. Set the input selector switch to each of the other inputs on the
amplifier, and note each voltage output. Assume for this discus-
sion that the phono is the only input left. The hum and noise
output voltage here is V,.

. Calculate the output voltage at the rated power level from the
formula:

output voltage V, = (power X load resistance)'/* (9-4)
(NoTE: In a separate preamplifier, V, is the rated preamplifier
output voltage. It is the voltage developed across a 1,000,000-
ohm load resistance in parallel with a 1000-pf capacitor. This
load should be at the output of a preamplifier when all tests are
made.

. Calculate the ratio of the output voltage to the residual hum
and noise, using the formula:

residual hum = (20 log V,/Vg) db (9-5)
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8. Calculate the noise and hum ratio in the tuner channel, using
the formula:

tuner hum = (20 log V,/V:)db (9-6)
9. Calculate the phono noise and hum ratio from the formula:
phono hum = (20 log V,/Vy)db (9-7)

To avoid the calculations necessary in steps 7 through 9, the curve
in Fig. 9-4 may be used. Just determine the ratio of V, to the hum
and noise voltage measured in steps 3, 4, or 5. Refer to any of the
hum and noise voltages as V. Read the relative hum in db from the
curve.
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Fig. 9-4. Graph showing voltage ratic in terms of db.

Noise measurements discussed here have considered the overall
bandwidth of the amplifier. Other types of measurements take the
characteristics of the human ear into account, in accordance with the
equal-loudness curves. The noise is measured after the frequency re-
sponse (after the output of the amplifier) is shaped to match some
low-level equal-loudness curve. These frequency characteristics are
built into some meters, in accordance with ASA standards. However,
it should be noted that these measurements include both the amplifier
noise and supposed human-ear response to noise. To be fully accu-
rate, the test should also consider the speaker and input-source char-
acteristics. Because all extraneous factors cannot be accounted for



in the measurement, it is probably best to measure the amplifier’s un-
weighted noise characteristic.

Weighted measurements can be established using one of the limited
bandwidths set as a standard by the industry. Filters can be used to
set bandwidth limits from 20 Hz to 10 kHz, or 160 Hz to 10 kHz, or
280 Hz to 10 kHz. The gain at these frequencies is 3 db down from
the maximum output. Qutside these limits, the response keeps drop-
ping at the rate of 6 db per octave. The frequency limits the manu-
facturer uses should be stated in the specification so that bench tests
can be made to these standards. Single-section r-¢ filters at the ampli-
fier output can be used to set the required bandwidth. A typical net-
work is shown in Fig. 9-5.

In the equation, 1/2#R,C,, there is a gain loss of 3 db in the upper
frequency. The values of the capacitors can only be approximated
from the formula. The response should be checked with a single gen-
erator to correct for any inaccuracies in the formula and component
values. Typical values for R, — C, and R: — C. are shown in the
figure. In any weighted test, R, and C; remain constant. Only R. and
C. change, depending on the desired frequency where the low end
of the band should start to roll off.

The insertion loss is the amount the signal at midfrequencies is re-
duced by the network. It may be determined as follows: Feed a 1000-
Hz signal to the amplifier, and read the output across Ry, in db. Next,
read the output across R in db. The difference in db readings is the
insertion loss.

To compensate for the insertion loss when making the hum mea-
surement, first read the hum in db in the normal fashion on the output
meter connected across R.. Subtract the insertion loss in db from the
hum reading in db. This is the actual weighted hum of the amplifier.

When describing the hum, note the frequency limits. Indicate
whether it is unweighted (no networks and no insertion loss to take

TYPICAL COMPONENT VALUES

I. HIGH-FREQUENCY ROLL-OFF AT 10 kHz
Ry- 0 Q
C1- 300 pt

I1. LOW FREQUENCY ROLL-OFF
AMPLIFIER R A, at 20H2

1 R, - 100K

AA

: Vi
RL Cl-l

- O3
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LU

-

o y G-
i AC QUTPUT B. at 160Kz
METER Ry =108

Cz = Olpf

C. at 280H
n?-anm

cz-.u.'liuf

Fig. 9-5. Circuit for measuring weighted noise of amplifier by varying bandwidth.
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into account), or whether it is weighted for frequency limits of 20 Hz
to 10 kHz, 160 Hz to 10 kHz, or 280 Hz to 10 kHz.

Until now, only hum and noise created in amplifiers have been dis-
cussed. Hum and noise can also be due to external causes, such as
proximity to power lines, motors, arcing switches, etc. Line filters and
shields are usually used to minimize some of the effects from these
disturbing factors. Complete elimination can only be accomplished by
removing the sources of interference.

INTERRELATIONSHIP

The measurements discussed here and in previous chapters are all
related to each other. When measuring hum, some reference level
must be used. What should the distortion be at the reference level?
At what frequency should this measurement of distortion be made?
Should it be intermodulation or harmonic distortion which determines
the level? Which intermodulation method of measurement should be
used?

Although each was treated individually, no one measurement is in-
dependent of the other. Considerations in design show how closely
the four topics discussed here are interrelated. Start with hum and
noise. No attempt was made to separate the two for measurement,
even though there are methods of accomplishing this. The separation
of these two factors is essential only in design. Even here, only the rel-
ative order of magnitude is most important. This required informa-
tion can usually be obtained by observations on an oscillograph
screen.

Hum and overload are very closely related in design considerations.
The engineer who decided to place the level control after the amplify-
ing device in Fig. 9-3B, rather than before it as in Fig. 9-3A, was not
all wrong. Residual hum is certainly better in the circuit shown in
Fig. 9-3B than in the circuit in Fig. 9-3A, because the tube is out of
the circuit in Fig. 9-3B when the level control is set at minimum for
the measurement. The designer had to weigh the overload problem
against the hum to decide that the distortion created by overload was
not as obvious or as objectionable as the interference created by the
hum and noise. This philosophy satisfies many people—especially
those with efficient or peaked speaker systems in which use of the
circuit in Fig. 9-3A would have caused an audible hiss at all settings
of the level control. It would not satisfy a more critical listener, who
would rather suffer with more noise than be subjected to additional
overload distortion. Ideal amplifiers will be designed only when com-
promises of this type will become unnecessary.

Sensitivity is also related to hum and noise. It is not unusual to
find that the higher-gain amplifiers produce more hum. Sensitivity is
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frequently minimized to reduce hum. Considering tuners and magnetic
phonograph cartridges in use today, it is reasonable to say that satis-
factory amplifiers can be driven to full output with a phono input of
10 mv and a tuner input of 0.5 volt.

Let us say you wish to compare the relative hum levels of two am-
plifiers with identical power ratings. Amplifier A has a sensitivity of
5 mv for full output, and amplifier B has an equivalent sensitivity of
10 mv. Either one will accept the cartridges currently in use.

The hypothetical amplifiers may also have hum specifications read-
ing something like this:

Amplifier A: Phono hum is 45 db below rated output.
Amplifier B: Phono hum is 49 db below rated output.

Using this information, which amplifier has less hum for identical
sensitivities? Or stated otherwise, if identical cartridges are used with
both amplifiers, which amplifier will have the better signal-to-noise
ratio?

To determine this information, first get the ratio of the higher to
the lower of the two sensitivitics. The ratio of the sensitivity of ampli-
fier B to that of amplifier A is 10 mv to 5 mv, or 2. This figure, 2, in
Fig. 9-4 indicates a difference of 6 db. Thus, 6 db must be subtracted
from the hum figure of the less sensitive amplifier (B) to compare it
directly with the signal-to-noisc ratio of the more sensitive amplifier
(A). Thus, if a 5-mv signal were fed to amplifier B, the hum would
be 49 db — 6 db, or 43 db below the output. Consequently, amplifier
A would have less hum than amplifier B if both inputs were fed signals
from the same source. The former would have the better signal-to-
noise ratio.

The above compares hum and noise for amplifiers with different
rated output powers. The hum and noise figure is closely related to
output power when the rating of hum and noise is stated as a specific
number of db below the rated power. Assume that a 10-watt amplifier
has a hum level of 40 db below the rated power. Furthermore, assume
that a 50-watt amplifier has a hum level of 50 db below the rated
power. The problem is to find which amplifier is delivering more hum
signal to the speaker. The actual hum voltage at the output of both
amplifiers must be calculated and compared with each other.

First, let us calculate the hum voltage that would be present at the
output of the 10-watt unit, The amplifier impresses 12.6 volts across
the 16-ohm load (from equation 1) for 10 watts of output. From
Fig. 9-14, the hum voltage for 40 db below rated output is:

V(,/Vu = 100-= IZ.G/VH
where,

V, is the rated preamplifier output voltage,

Vy is any hum or noise voltage.



V./Vi = 100 for a 40-db hum-level ratio
Vi for the 10-watt amplifier is 12.6 X 10~ volts

The voltage at the 16-ohm output, due to hum in the 50-watt am-
plifier, can be calculated in the identical manner. The amplifier im-
presses 28.2 volts across a 16-ohm load for 50 watts of output, and
an output of 50 db below 50 watts is a voltage ratio of V,/V;; = 316
= 28.2/Vy (see Fig. 9-4). Then Vy;, the hum voltage for the 50-watt
amplifier is 8.9 x 102 volts. Thus, the 50-watt amplifier will deliver
less hum voltage than the 10-watt unit. '

The difference in hum in db between the two units can be found
from the chart in Fig. 9-4, The voltage ratio is 12.6 X 10-3/8.9 X
107=, or 1.42. From Fig. 9-4, the ratio represents about 3 db. Thus,
the 10-watt amplifier has 3 db more hum than the 50-watt unit.

This information can be obtained from measurements using the
setup in Fig. 9-1 and the following procedure.

I. Set the level control on the amplifier to maximum, and feed a
signal into the 10-watt amplifier. Note the reading on the meter.

2. Remove the signal and substitute an equivalent input load re-
sistor for the signal. Note this hum-voltage reading on the meter.

3. Calculate the ratio of the output voltage in step 1 to the hum
voltage in step 2, and determine the ratio in db from Fig. 9-4.

4. Substitute the 50-watt amplifier into the setup. Feed the identi-
cal signal as in step | to this larger amplifier. Now adjust the
level controls on this amplifier for an output identical to that in
step 1.

5. Remove the signal from this amplifier without upsetting the
level-control setting. Substitute the resistor at the input as in
step 2. Note the reading on the output meter.

6. Calculate the ratio of the output voltage in step 4 to the hum
voltage in step 5. Determine the ratio in db from Fig. 9-4.

7. Compare the db ratio found in step 3 with that found in step 6
to determine which amplifier has the better hum characteristic.

The relationship between hum and power rating exists., The two
methods outlined can be used to find the relative merit of the ampli-
fiers. The intricate calculations or measurements are required because
no industry-wide standards have been established.

Standards should be established for specifying hum and noise at
standard levels below specified power and for specific voltage inputs
with standard input and output loads. Until these measures are taken,
calculations similar to those illustrated here will be required to enable
one to compare the qualities of two units. This is even more impor-
tant in output-transformerless transistorized power amplifiers, where
the hum ratios will vary with the output load.
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CHAPTER 10

Sundry Tests and Measurements

Any factor or number of factors may affect the listening quality of
an amplifier. Distortion, frequency response, and the other items dis-
cussed in previous chapters certainly are significant characteristics.
Other attributes such as damping factor, phase shift, parasitic oscilla-
tions, etc., also affect the particular sound qualities a specific amplifier
is capable of producing. Just to what degree any characteristic is im-
portant in the final audible output is academic.

Seven characteristic tests and measurements that can be performed
on an audio amplifier are discussed and described in this chapter.
These, in conjunction with the measurements discussed in previous
chapters, are a compilation of the most common and probably the
most important tests to be performed on an amplifier in determining
its quality.

PHASE-SHIFT MEASUREMENT

Any amplifier stage will normally shift the phase 180 degrees be-
tween the input and output. The relationship in the voltage amplifier
is shown in Fig. 10-1. There would be no problem if all frequencies
in the audible range were shifted this 180 degrees. The relative phases
of all amplified components would then be the same at the output as
they are at the input to the amplifying device. This is known as linear
phase shift.

Because of the capacitive and inductive characteristic of the com-
ponents used in an amplifier, not all frequencies are shifted by the
same amount, This lack of uniform phase shift at all frequencies is
known as delay or phase-shift distortion.

Phase-shift distortion can be observed on a complex wave. Suppose
there is a signal composed of a fundamental with third-harmonic con-
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Fig. 10-1. Phase relation between input and output of a single audio-amplifier stage.

tent, as shown in Fig. 10-2A. The shape of the composite signal
would be shown. If this signal were fed through an amplifier where
the phase of the third harmonic was shifted 180 degrees with respect
to that of the fundamental, the shape of the composite signal would
be as shown in Fig. 10-2B. The composite waveshape would have

FUNDAMENTAL

THIRD HARMONIC

COMPOSITE SIGNAL

(A) Signal compased of a fundamental (B) Signal shifted 180 degrees with respect
with third harmaonic. to the fundamental,

Fig. 10-2. Equal signal with equal amounts of third-harmonic content.
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remained unchanged had both frequencies been shifted in equal multi-
ples of 180 degrees.

Does the composite signal in Fig. 10-2B sound the same as the one
in Fig. 10-2A? The fundamental and third harmonic are of the same
amplitude, but are only shifted in phase with respect to cach other.
Some people say they hear the difference. Could the audible difference
actually be due to a harmonic-distortion difference because the greater
amplitude of the signal in Fig. 10-2B drives the amplifier harder than
the composite signal in Fig. 10-2A? Or do they really hear the phase
distortion?

Delay distortion is not of much importance in an audio type ampli-
fier, since delay distortion is not perceptible to the ear. The exact
phase relations between the various components of a complex sound
are unimportant unless the phase shift is great enough to produce an
appreciable time-delay distortion, such as 0.05 second. Phase shift is
unimportant unless it is great enough to produce a time delay greater
than 8 milliseconds at high frequencies and more than 15 milliseconds
at frequencies below 100 cps.

As the years progressed, more and more emphasis was placed on
the significance of phase distortion. It would seem that there are
definite audible differences. The significance of phase shift increases
in stereo listening because an important portion of the stereo effect is
attributed to the relative phase of the signals from the two channels.

The circuit in Fig. 10-3 may be used to measure the phase shift
of an audio amplifier at various frequencies. Several precautions must
be taken when making this measurement. The phase shifts of the
vertical and horizontal scope amplifiers must be identical, Otherwise,
phase-correction networks must be added externally. The amplifica-
tion setting on the scope must be the same for the “x™ and “y” axis,
so that there will be an equal number of phase-shifting stages or net-
works in both deflection circuits. To equalize the signal levels fed to
the two scope amplifiers, two attenuator networks (R1-R2 and R3-
R4) have been added to the circuit,

SCoPE
R
AMPLIFIER 2 | Se0PE
R], UNDER TEST . ’VERT o HOR1Z
SIGNAL . I, outeut| R Ry
GENERATOR ! IN

{ Ry2
:

"

Fig. 10-3. Setup for measuring phase shift on a scope using Lissajous patterns.
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The resistors in the attenuator networks must be carefully chosen
so as not to introduce significant error. They should all be as small as
possible, while R3 + R4 should be not less than 100 times the resist-
ance of load resistor Ry. All resistors should be of the noninductive
type. The resistors, along with the leads, should present a minimum
capacity to the circuit.

In determining the phase shift using this setup, the signal fed to the
horizontal “x™ axis is considered at zero phase. The phase of the sig-
nal driving the vertical “y" axis is measured with respect to the phase
of the “x”-axis signal. The formula for determining the phase shift
from the scope pattern is derived in Appendix L.

The relative phase angle between the two signals—one applied to
the vertical plate and the other to the horizontal plate—can readily
be found from the pattern on the scope.

First, fit the pattern into a square box on the screen of the scope
tube, as shown in Fig. 10-4. Next measure the lengths marked “x”
and “r” from the center of the pattern. Substitute these values into
the formula:

sin f =

|

(10-1)
or,
o K
@ = arc sin (10-2)

where,
6 is the phase difference between the two signals.

/ )
Fig. 10-4, Phase shift described by an
by ™ |

X ellipse in 2 square on the scope screen.

INSTABILITY

Whereas phase shift can be measured accurately using the method
described in this chapter or in the one on special instruments, there is
no mathematical number describing a quantity of instability, Although
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it is not readily measurable, we can go one step further—no form of
oscillation should exist in an audio amplifier.

Parasitics can be defined as undesirable types of oscillation due to
stray tank circuits in an amplifier. The frequency of oscillation is
usually above the audible range. Nevertheless, there are many good
reasons for eliminating this frequency, along with all other types of
supersonic and subsonic oscillatory frequencies. The frequency of
oscillation:

1. May be strong enough to blow a tweeter speaker.

2. Absorbs power that may be put to useful purposes,

3. May cause excess voltage to appear across a component.

4, Will cause distortion, which can appear as a buzz or unclean
sound in the speaker.

The circuit in Fig. 9-1 may be used to check for parasitics in an
amplifier. Turn all controls on the amplifier up to maximum. Use a
30-Hz tone. Slowly vary the strength of the signal fed to the amplifier.
Observe the scope to note that no pockets of oscillation (Fig. 10-5)
should appear on the signal. Repeat this with load R;, removed and
also with R, reduced to about 1 ohm. (Note: Do not reduce Ry be-
low its rated value when testing a transistor amplifier, so that the out-
put transistors will not be overloaded under signal conditions.)

Repeat the above for various settings of the tone and level controls.
Do not overload the amplifier for more than a few seconds. Before
performing this test on a transistor amplifier, check with the manu-
facturer to see whether the circuit will withstand this type of overload.

There should be no sign of oscillation under any of the conditions
described above. If the amplifier you test has pockets of oscillation,
they do not mean that your amplifier has a manufacturing defect.

Fig. 10-5. Example of how parasites may
appear as pockats of oscillation on a

sine wave,
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Some designs have not been made completely free from parasitics or
other forms of oscillation or tendencies to oscillate.

Instability can also be made evident when the amplifier is driven
from a 5000-Hz square wave at a relatively low power output level.
Feed the square wave to an auxiliary input on the amplifier. Adjust
the generator so that the output from the amplifier is about one-fourth
the maximum the unit can deliver. Next, vary the load across the

Fig. 10-6. Example of amplifier with tend-
ency to oscillate. Notice the increasing

amplitude of ringing on a square wave.

output for the amplifier from 1 ohm to an open circuit. Load the am-
plifier with different capacitors ranging from 100 pf to 10 mfd. Non-
polarized electrolytics can be used for the higher capacitor values. If
nonpolarized capacitors arc not available, use two identical polarized
capacitors in serics, connected positive to positive lead or negative to
negative lead. The total capacity is one-half the capacity of either
unit.

Finally, load the amplifier output with inductors ranging from
10uh to 1 h. During any of these tests no sine wave, nor damped sine
wave, should appear riding on the top and/or bottom of the square
wave. If the sinusoidal excursions are constant or rise with time, as
shown in Fig. 10-6 the amplifier is either unstable or has a tendency
toward instability. The amplifier is also unstable if it breaks into com-
plete oscillation with any of these loads. The total curve should not
bounce around on the screen of the scope at any time, If it does, this
is a sign of low-frequency instability.

DAMPING FACTOR

A major factor in clarity of reproduction is definition. Definition is
a measure of the capability of a system to separate two successive
signal pulses. For good definition, a speaker will reproduce a signal
only for the duration of the signal. Some speaker cones may continue
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to vibrate after the signal has been removed. Consequently, a musical
note will continue to be produced even thpugh no signal is present.
This is known as overhang.

Should there be no or very little overhang, the speaker is said to
be well damped. That is, once it is set in vibration, it will stop moving
the moment the source of the vibration is removed. A low impedance
across the speaker leads is a strong positive factor in helping the
speaker overcome its overhang characteristic. Good-quality high-fi-
delity amplifiers are designed to present a low impedance to the
speakers. If the amplifier has an impedance of about one-fourth that
of the speaker system or less, the speaker is as well damped as it can
be.

QuTPUT T QUTPUT RL? - T
FROM RS e FROM M ™ &z
AMPLIFIER _l_ AMPLIFIER

Fig. 10-7. Two setups used to derive a formula for damping factor.

The ratio of the speaker impedance, R;, to the impedance the
speaker sees in the amplifier, R,, is known as the damping factor.
Any amplifier with a damping factor of four more over the entire
audio-frequency band is satisfactory. With the aid of Fig. 10-7, the
formula for determining damping factor may be derived. The test
setup is that of Fig. 9-1, with R,, being variable. The output voltage,
€., should be limited to a maximum of about 1 volt as measured on
the a-c vtvm output instrument.

In Fig. 10-7, e, is the output voltage from the amplifier, R, is the
output impedance of the amplifier, and Ry, is the load (representing
the speaker or power resistor, as required). Using this circuit, there
are several methods for measuring the damping factor.

In one method, first measure the voltage between points 1 and 2
(the output terminals of the amplifier) with the load, R;, removed.
Call this voltage V. Now, insert a variable R;, into the circuit, as
shown, and vary it until the output voltage is ¥2 Vy;. Under this con-
dition, R, is equal to R,. Measure R, which is now equal to the in-
ternal resistance of the amplifier. The damping factor is the rated out-
put impedance of the amplifier (usually 4, 8, or 16 ohms) divided by
the measured R..
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Two precautions: First, observe the signal on an oscilloscope when
making all measurements. If there is any distortion, decrease the out-
put level and repeat the test. Second, do not use this test on transis-
torized power amplifiers; the low-valued output load resistors may
damage the transistors.

Although this method is simple, it has one major disadvantage.
Because Ry, is so small when it is equal to Ry, the characteristics of
the circuit we are trying to evaluate will frequently change under test.
The resistance of R;, will be only a vague indication of the internal
impedance. A better method is to use the rated impedance of the
amplifier and an impedance not too far removed from the rated im-
pedance.

The formula (derived in Appendix M)

R.__ m-—n
R, mn—m

(10-3)
where,
Ry is the rated load resistor used at the output of the amplifier,
R, is the internal impedance of the amplifier as seen by the load,
m is a factor by which the load, R;, has been increased during the
test,
n is a factor by which the output voltage has increased during the
test when the higher-impedance load was put into the circuit.

The procedure is simple. Adjust the signal generator so that the
amplifier will deliver 1 to 5 undistorted watts with the rated load at
the output. Do not touch any controls after this adjustment is made.
Now measure the output voltage, e,, using the rated load resistor, R,,
required at the output of the amplifier. Increase the load resistor by
a factor of m, equal to any value between 1.25 and 2. The new load
resistor is now mR;y, and is equal to R,.. Note the output voltage using
this load. Determine n from the formula

n= eo‘_‘/cn (10'4)

Substitute the values for m and n in equations 10-3 to calculate the
damping factor.
A good approximation can be obtained by using the equation:

Rl,/ Rﬁ == el)/(eﬂ‘..’ o cu) (]0‘5)

In this equation, e, is the voltage measured at the output with the
standard load in the circuit, and e,. is the voltage measured with an
open load when Ry is infinite.

FEEDBACK

The damping factor is related to the output impedance of an ampli-
fier, and the output inpedance is in turn affected by the feedback. The
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output inpedance with series-fed feedback, Ry, is related to the out-
put impedance without feedback, R,, by the relationship

__Ri
Rgf = ']—__—ﬁ—]( (10‘6)
where,
K is the gain of the amplifier,
B is the portion of output signal fed back.
If the feedback is negative, BK is negative and Ry is less than R,.

The feedback around the power amplifier can be measured in sev-
eral ways. The simplest and most direct is to disconnect the feedback
loop from the circuit and note how much the gain increases in db. The
circuit in Fig. 9-1 should be used. The scope should be connected
across the output to note whether the amplifier will overload when
the feedback loop is opened. If it does overload, reduce the amount
of signal fed to the amplifier.

In most amplifiers, the feedback loop is completed from the output
transformer to the cathode (or emitter) in the first voltage amplifier
of the power-amplifier section. Instead of an open loop, the cathode
or emitter resistors may be bypassed with a large electrolytic capaci-
tor. The increase in gain when the resistor is bypassed indicates the
feedback in the circuit. It also takes into account the local feedback
due to the resistor in the cathode or emitter circuit.

Which method to use is an academic question. The latter method
will result in a larger number and a better-looking specification. Al-
though possibly misleading, the figure does include all the feedback
in the power amplifier. The first method only considers the feedback
in the loop from the output.

INPUT IMPEDANCE

The measurements described in this chapter were all concerned
with the output section of the amplifier. Considering the input, an
important measurement is the input impedance. Feedback increases
the input impedance by a factor of 1 — SK, when the feedback volt-
age is in series with the input signal. If equalization circuits are used
in a feedback loop connected to the first stage of an amplifier, the
input impedance is frequently frequency-sensitive. The importance of
input impedance has been discussed in previous chapters concerning
phono cartridges, tape heads, microphones, ete.

[t is quite simple to measure the input impedance. Connect the
output from a very low-impedance signal generator (several ohms)
into the circuit shown in Fig. 3-7. Connect a variable resistor in series
with the hot input signal lead of the amplifier, between the signal gen-
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W ————
1 INPUT CIRCUIT
oL v IR o Fig. 10-B. Equivalent circuit for checkin
LS AMPLIFIER : i 9

GENERATOR & l the input resistance of amplifier.

erator and amplifier. (This variable resistor, R, is not shown in the
figure.) The equivalent input circuit becomes as shown in Fig. 10-8.

First, make R equal to zero and note the output voltage on the
meter in Fig. 3-7. Next, vary R until the voltage is one-half the read-
ing. Because of the voltage-divider action, R is now equal to the
input resistance of the amplifier, If the input is reactive, this method
cannot be used. Adjust R so that the voltage across it is equal to the
voltage across Z;, the input impedance. Only then will resistor R
equal the input impedance of the amplifier.

This method cannot be used with transistor amplifiers, for the size
of R reflects into the emitter circuit and affects the feedback. Here,
it is best to use a low-impedance signal generator in series with a
fixed resistor R.

It is desirable to measure the input impedance under the condition
in which the amplifier will normally be used. In order for this to be
done R should be made approximately equal to the impedance of the
signal source ordinarily connected at the input. Using the circuit in
Fig. 10-8, measure the voltage, V, across the input circuit of the tran-
sistor. Next, measure voltage Vg across the resistor R. The current,
Iy, flowing through the resistor 1s Vi/R. The input impedance at the
transistor is voltage V at the input of the transistor, divided by cur-
rent Vi/R flowing through the input and R, namely:

V
v_[{ A R - Zihpnk ( !0'7)
SEPARATION

Separation is concerned with the amount of undesirable audio-
signal leakage between the two channels of a stereo amplifier. For
the maximum stereo effect, no signal injected into one stereo channel
should appear at the output of the second channel. The setup for
making the test of how much signal will appear in the second channel
is shown in Fig. 10-9,

A signal is fed to the left channel of the sterco amplifier. The input
jack for the right channel is loaded with a resistor representing the
equivalent impedance of the source. Thus, if it is a phono input, the
resistor will be about 3300 ohms; a ceramic microphone input re-
quires a resistor of about 470,000 ohms, etc. The outputs of both
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channels are each loaded properly with a resistor, Rr.. A double-pole
double-throw switch is used to select the output voltage the meter
will read.

With the signal fed to the left channel, throw the switch so that the
meter will read the output at the left channel. Be certain that all am-
plifier controls are set for a maximum output and for maximum fiat
frequency response. The output should be below the distortion level
of the amplifier, The shape of the output signal may be monitored
with a scope.

Now, throw the switch so that the meter will read the output from
the right channel. The difference in db between the two readings is
the channel separation. Repeat these readings over the entire audio
band to check the separation at all frequencies. It is generally con-
sidered that the amount of separation below 100 Hz and above 10
kHz contributes little to the stereo effect.

Next, check the separation in the reverse condition. Feed the signal
to the right channel, and load the left-channel input with a proper
load resistor. Check the difference in output in db between the two
channels. This figure is also valid in specifying separation. It is fre-
quently different from the figure found in the original form of the setup
in Fig. 10-9.

HARMONIC
DISTORTION AC VTVM
il -
METER _ /-7\
.- =]
—t
RAEQUIVALENT o S )
RIGHT :
OF SCURCE % s S| B %
IMPEDANCE o )
STERED
AMPLIFIER

SIGNAL LEFT LEFT 7 x v— o
GENERATOR INPUT ouTPUT -
n et
QUTPUT CHANNEL SELECTOR

LEFT  — _ PRIGHT
CHANMEL CHANNEL

Fig. 10-9. Setup used to test separation between sterea channels.

CROSS TALK

Cross talk is similar to the concept of separation. However, cross
talk does not measure the total signal leakage between channels. It
measures only the harmonic components that leaked into the unused
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channel. To check for cross talk, feed a signal to one channel and set
the level on your harmonic-distortion meter. Now switch the distor-
tion meter to the second channel and adjust it for minimum output,
reading the percentage of distortion. Note the difference, in db, be-
tween the first and second measurements. This is the cross talk.

The reading should be repeated for various frequencies and with
the channels interchanged. A similar measurement can be made on
a monaural amplifier for interaction between the various inputs on
the one channel. Suppose a signal is fed to a phono input. Set the
level on the harmonic-distortion meter. Then switch the input selec-
tor control to the tuner input, and adjust the distortion meter to mea-
sure the amount of harmonics. Cross talk is the difference between
the two readings, in db, just made on the harmonic-distortion meter.
This is a measure of how much of the harmonics from the phono sig-
nal will leak through when the input selector is set to reproduce the
tuner channel.

Once again, the setup in Fig. 9-1 may be used, with the appropriate
load resistor, Ry, connected in the circuit. This test should be repeated
at various frequencies over the audio band and for all combinations
of inputs.
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APPENDIX A

Input and Output Voltages
at the Wien Bridge

Refer to the output voltage, E..t, Exs and Eg, in Fig. 1-3. If both
Ey» and Ez» are in phase with E;,, then E,.: is in phase with E;,. En.
is definitely in phase with E;,, since Ey. equals E;, (Ro/R; + Rs),
which is pure resistance.

E,. is in phase with E;, and can be derived as follows: Assume the
bridge is balanced at the angular frequency

el (1)

or:

oRC =1 (2)
where,
w is 27t
Then Z, is equal to:
i wRC—j 1-—j

A i R 9

where,
Z, is the impedance of R and C in series.

Z. is equal to:

7z - R __jR (L:l_‘_‘{g)
L= Rat I ~ATAZLTR T ()

where,
Z is the impedance of R and C in parallel.
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Ez» is equal to:

. e Ze \_p [_R/AG-1)
Ey. = By, (21 o+ Z.:) - Em(g +—.B_

oC j—1
iR
=:Ein . Ju_] T
(1—3)(j— 1)+ juRC
wC(j—1)
—g (deRC Y_p (1 3\_1
= Ei“(Zj o ijc)_E”’ (2 T 1)_ 3B (3)

where,
E,, is the input voltage.
Voltage without a j factor has phase shift between Ey, and E;,.
Criterion 1 for oscillation has been fully met.
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APPENDIX B

Effect of Stray Capacitance and
Setting of Level Control on the
Frequency Response of an Audio
Amplifier

Assume the control in Fig. 2-5B is set at a point so that the upper
portion has a resistance Ry and the lower portion has a resistance R..
The admittance of the lower portion is:

Y”:XQZRQ—HQCZ R,

so that the reactance becomes:

R.
R G (0
where,
X, is the reactance of R. in parallel with C,
Y. is the admittance of R, in parallel with C,
w is 27f.

The impedance of the upper portion is R,. Treating this circuit as
a voltage divider:
Cin B [RJ/(I + _]CI)CR:)] B0 Rl
Muitiply the numerator and denominator in equation 2 by (1 +
jwCR.) to vield:

crmt _ R‘.?

¢m R, + R; + joCRR: (3)
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Multiplying this cquation by:

R, + R.
R, + R.
results in:
R: = _RB
Bont _ R, + R, _ R +R: n
em R, + R, joCR,R. | +@1Rh
R,+R, R;+R, R; + R,

The frequency at which the response is 3 db from the center value is
reached when the denominator takes the form (1 +j), or:
joCRR: _
R, +R, !

(5)

and:
Ly Rl _‘:_ R'_E
“~RR.C

The frequency response is a direct function of the relative values of
resistors R; and R..
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APPENDIX C

Relationship Between Rise Time
and the Upper Frequency Limit
of an Audio Amplifier

Just what the relationship is between rise time and the upper fre-
quency limit can be determined with the help of the figure. We can
see that the upper frequencies are limited by some configuration(s)
similar to that shown. Here, the capacitor at the output results in a

: e 5 & ;
rolloff. The frequency at which the gain is down 3 db is 37RC This

can be seen when we consider the network as a voltage divider,
where:

A
eulﬂ‘ p. =] j[.L)C - 1
€in R+.i joRC + 1
jwe

where,
j is an operator indicating a 90° phase shift,
w is an angular frequency equal to 2#f.

The output is 3 db down when the denominators is equal to
(1+7j), or:
= A and f = . . (1)
“~RC ~ 27RC
Now, assume that the leading edge of a square wave enters the net-
work shown in the figure, causing the capacitor to charge gradually.
The equation for this network is:

ein = Vo + Vg

1+

Ve = ]idt and Vp = iR (2)

ol
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Therefore:

A

Cjidt-HR (3)

€in =

Rewriting this equation:
iR + & [idt = e (4
T C ] i )
where,

Ve is the voltage across the capacitor,

Vy is the voltage across the resistor,

j is the instantaneous current through the network,

dt is the time over which the capacitor is being charged.

The complete solution involves both the steady-state and the tran-
sient solutions. The force-free transient solution can be found by set-
ting e = 0, resulting in:

iR+~é [idz:O (4A)
Assume:
i=Aem (4B)
as a solution to equation 4A. Substituting this gives:

iR+ & [Aen =0

R + LA =0
pc

iR + — =0 (fori = Aem)
pc

i (R + L) =1
pc
where,

A and p are quantities to be determined,
€ is a constant equal to 2.718,
t is an instant of time.

Solving for p results in:
1

P="Rc
Substituting this into equation 4B leaves as the solution for i:
i = Ae—V/RC (4C)
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At the start of the impulse, all of the current is across R. The cur-
rent through the resistor at this instant is E/R. Writing this algebrai-
cally:

i=AeYR¢ = A(1) =E/R
So that equation 4C becomes:

== g~ VRC (4D)

where,

E is the instantaneous voltage across the resistor at the start of the
square-wave pulse.

The steady-state solution for this is i = 0; the transient solution for
the voltage across the capacitor is:

_1_ ,'E_ —t/RC T — ,]__:‘_ — /I
&e=GlR € dt (fDTI—RE

e E
ol

When t =0, e. = 0. At this time, equation 4E becomes:

D=FEe W 4L A=E+ AorA=E

— RC] ¢~VEC 4 Ee~vHC + A (4E)

Substituting this into equation 4E yields:

g.~Ee~WEC L Eore, =E(l —&RC)

which can be written as:

€, = E(1 — e=¥3¢C) (3)
where,
e, is the instantaneous voltage across the capacitor at any moment
of time after the leading edge of the pulse has been applied,
E is the final voltage after an infinite time,
€ is a constant equal to 2.72.

We can now find the time it takes for the voltage to rise from 10
to 90 percent of its final value.

For convenience, let us assume that E in equation 5, the final volt-
age across the capacitor is 1. At the 90 percent portion of the final
voltage, e, must be equal to 0.9. Substituting these into equation 5;

0.9=1 (1 — e t/RC)
+0.1 = + e~t/ne
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Putting this into logarithmic form gives:

Liog 0 f=—tme
(—RC) Log.0.1 =
t=(=2.3RC) Log; 0.1 (for Log ¢ = (2.3) Logy)
t==23RC(-1)=23RC (6)
The time that it takes the voltage to reach 10 percent of its final
value can be found by substituting 0.1 for e, in equation 5:
0.1 =1 (1 —e~*R5)
+0.9 =+ VR

Putting this into logarithmic form gives:
Log. 0.9 = —'/ne
(—RC) Log,09=t=(—2.3RC) Log;» 0.9
t=—23RC(—1+.9542) =0.105RC (7)

The time required for the voltage to rise from 10 to 90 percent of
full value is the difference between equation 6 and 7.

Rise time =t, = (2.3 — .105) RC

23 _23p. 1
“w 2t \" "RC

The frequency where the response is down 3 db is then:

_ 22 035

T 2wt .

Equation 8 will yield the 3-db point for frequency response at the
high end of the band. This equation will give the 3-db point from
actual measurement, whereas equation 1 will give the point from
component calculations.
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APPENDIX D

Solution of Equation for Network Placed
Between a Constant-Amplitude Cartridge
and Constant-Velocity Phono Preamplifier

With reference to Fig. 3-11, the equivalent circuit of the cartridge
remains a voltage source, e, in series with a capacitor, C;. The re-
mainder of the circuit shown is designed to reproduce a record prop-
erly through an amplifier equalized for a velocity-type cartridge, while
using one of the ceramic variety.

Considering the circuit as a voltage divider:

R

Cout = (Ein) (l }
R; Xa
x,_-;g + m o Rg
where Haeler is the impedance of the parallel combination of R,
R, + X
and C;, while X, = ——1— It also follows that:
joC,
R;
RiXa _  juC  _ R,
R| + X,l R} . 1 jCUC'[R] + 1
JwC,
where,
. . 1
Xy is the impedance of C; = Tcu_Q‘

j is an operator indicating a 90° phase shift,
w is angular frequency cqual to 2af.

Substituting this into equation 1, and dividing both sides of the
equation by e;,, yields:
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S 4
€y - R. I R;;
jwCs  juCiR; + 1

Simplifying this:
Bt R (joCu) (1 + joCR,)
B - Rg (]wC;) (]{J’JC]R] o 1) + j(.l)C]R] i = I i ch_:R_\

Now, let k = CuR,, n = C;R,, m = C.R., and S = jw. Substituting
these into equation 2, and simplifying all terms inside the parentheses,
results in:

(2)

Cour _ Sm (1 + Sn)
ein  S°nm +Sm + Sn + 1 + Sk (3)
Sm (1 + Sn)

TAmSE+S(m+nt+k) F1

The two component factors in the denominator can be found by
first letting the denominator be equal to zero. Thus:

9+3(Eiﬂii)+i_:g
nm nin

m+n-+k :
117m+ =3t, and solving* for the two values of S,

namely 5, and S,, yields:

_ =3t V(E)T=4/mm

Letting

5,8, = 5~ 5 (4)
Now letting A = v/ (Zt)*? — 4/nm, the two solutions for S are:
—3t4+ A
§; = —5 (5)
and:
o —st-A (6)

2
Substituting this back into equation 3 produces:

Cout _ Sm (1 + Sn) . jom (1 + jwn)

e St+A St—A\ [. ,St+B\/. . St—A
1 @+_TJ@‘ ) (ie+¥37) (0 +357)

*This type of solution can be found in most algebra books as a solution of
the equation ax* 4+ bx 4+ ¢ = 0. Here the two solutions of x are

—b :_\/b2 — 4ac_
2a

X2 =
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St+A St—A
Multiplying the denominator by ( - ( Z ) and separat-
% St+AJ\St—A
2 2
ing the equation into two factors yields:
Eondl jwm (1 + jwn)

ew  [SL—A\(StTA) 7 jw ;1)( jo +1)(7)
( 2 ( 2 Gt+a)/2 )\GEt—2)72

Analyzing equation 7 results in the following four characteristics:

jom

2

frequency response. It shows that at zero cps the output is zero,
and that the output rises at the rate of 6 db per octave from
there.

is a constant factor and does not affect the

2. The (1 + jwn) indicates the point where the curve starts the
second 6-db-per-octave rise. The frequency where the rise has
advanced 3 db can be found by making jo =j or w = 1/n. Call

this @
.o o
Nt s wd It s
Jand 4 |+ and 1+ s
where,
wy is 27l

indicate the point where the curve starts dropping at the rate of 6 db
per octave. The angular frequencies where the output has dropped
3 db from its former plateau can be found by making the j terms in
both factors equal to j.

jw : St +A ;
Thus: (Et-lj——&)/Z =jorw=—5—. Call this w.,
jw ; Bt —dA ;
(‘fi‘i_ﬁ")ﬁ =jerEE—5—: Call this w;.
where,
ws 15 27f.,
Wy iS .27Tf3,

f, is a second frequency in hertz (Hz),
f is a third frequency in hertz (Hz).
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Using the constant called out in Fig. 3-11 to find w, results in:
dee L o ] = 147 % 109

n CR, (68 x109)(10-"

and: (8)

Wy —

f, = Z— = 2350 cps.

To calculate fs and f;, it must first be noted that R, can vary from
5000 to 30,000 ohms. It will be necessary to calculate f, and f; for
both values of R.. First, assume R, equals 5000 ohms. Then, if n =
68 X 10—% (from previous calculations);

k=CR, = (5x10-1) (68 x 10*) =34 x 10-¢

m=CR.= (5% 10-1) (5 x 10%) = 2.5 x 10-9

k+m+n=1.045 x 10—+ =1.05x 10—+

mn = (68 x 10-%) (2.5 x 10—%) =1.70 x 10—1*

_k+m+n_1.05x10"+%
- mn 1.7 x 10—

/(s \/SXIO‘“ 1?><10 et = 5.97 X 107

Substituting these figures into the equations for w. and wy gives:
6.17 x 10° + 597 x 10°

st =6.17 x 10°

A— 5 = 6.07 x 10°
oy = 817X 10° =597 x 10° _ |
2,
so that:
b= 217 = 96,500 cps (9)
and:
f, = <24 = 1600 cps (10)
3 271_"" p

while f; equals 2350 cps from equation 8.

Now assume the other extreme, where R. is equal to 30,000 ohms:
n=~68 x 10"

k=34 x 10-¢

m=C;Ro=(5x 107" (3 x 10Y) =15 x 10-"
k+m+n=117x10-%=1.17 x 10—
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mn = (68 x 10-%) (15 x 10-%) = 1.02 x 10~*

L L17x10-* "
W g s

4] 4 — i
a= \/117)(10 ~ o= 0% 10

Substituting these values into the equation for w. and ws gives:
1.17 x 10° 4+ 0.99 x 103

=1L X 209 X0~ .09 x 107= 9 x 107
so that:
_we 108 % 107 _
f, = = fag -= 17,300 cps (11)

and:
..
[ E— G 1430 cps
while f, equals 2350 cps from equation 8.
A plot of the curves using both values of resistors is shown in

Fig. 1. Curves for circuits using resistors between 5,000 and 30,000
ohms fall between the two curves shown,

CURVE A - R, =5, 000 05;
T]'BSUHI
50 rz-vo,smllx
ol I3-16CIJH1 n
CURVE B - R, = 30, 000 05 ]
W= g
£ :1.1335”2 st | s
- - 5 " 17,3001, =
& il = 10804, B
i A
=
s 0 C
; 10 /
S A b
20 -
1
=30 wtt
-a0
w2 50 10 @0 500 100 200 S0 10k 2K Sk 10K

FREQUENCY IN CYCLES PER SECOND {HERTZ)
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The break points, f, and f;, involve resistor R.. It is interesting to
note how insignificant a part the variation of R. from 5000 to 30,000
ohms plays on the break points and consequently on the resulting
frequency response of the network. When f. was calculated for a
value of R. equal to 5000 ohms, the break point was at 96,500 Hz
(equation 9). Calculated for R. equal to 30,000 ohms, it was 17,300
Hz (equation 11). For all practical considerations, both frequencies
are outside the audio spectrum.

However, {f; falls well within the audio spectrum. It is 1600 cycles
when R is 5,000 ohms, and 1430 cps when it is 30,000 ohms. Audi-
bly, it is at about the same frequency. We shall compromise and con-
sider f; to be 1500 cps. f; does not involve R, and remains at 2350
cps, regardless of what R, is. Variation of R. will not affect the fre-
quency response to any noticeable degree. It will affect the output
voltage from the network, however.
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APPENDIX E

Derivation of Average Current
in Half a Sine-Wave Cycle

The average current of a curve is equal to the area under the curve
divided by the length along the X-(or w) axis. Thus, for the sine-
wave function i = I, sin 6, the area under the curve for a half-cycle is:

rl,. sin 6d0

where,
I, is the peak current,
6 is the instantaneous angle of the sine wave,
d@ is a minute change in the angle,
7 is a constant equal to 3.14.

and the distance along the X-axis is m — o. The equation for the
average area under half a sine wave is:

| ™, 1 A=
%II’E sin 6de = [2—;’; (= cos B)JD
= D s
- 2‘.-7( =1}
=Is
T
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APPENDIX F

Proof That Differentiating Network
Connected in Series with Audio Signal
Emphasizes Harmonic Distortion

R and C in Fig. 6-7 form a differentiating circuit because the re-
actance, X,, of C is considerably greater than the resistance of R.
The current through R is thus determined by the reactance of C

alone, and i = ng—i .
change of voltage with time. Because X, is large compared to R, the
voltage across R is negligible, and e is effectively the total voltage
applied to the network.

The voltage across R is the product of the current through the net-
work, C de/dt, and R, which is:

where e is the voltage across C and %? is the

de
€ = RC Et' ( l )
where,

e, is the output voltage.

The output voltage is then the derivative of the voltage at the input
of the circuit.

Assume that a distorted signal is applied to the network from an
audio amplifier:

e = E, cos wt + E, cos 2wt + E; cos 3wt (2)

where,

E,, E; and E; are the maximum voltages of three signal compo-
nents,
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cos wt represents the sinusoidal excursions of the fundamental,
cos 2wt represents the sinusoidal excursions of the second har-
monic,

cos 3wt represents the sinusoidal excursions of the third harmonic,
w is the angular frequency equal to 27f = 6.28f,

f is the frequency in cycles per second or Hz

t is on instant of time in the cycle.

Furthermore assume that the harmonic components are not visible
on the scope. It is desirable to increase the size of the harmonic com-
ponents when applied to the scope, so that they can be seen.

Put this signal, with the harmonics, through a differentiating net-
work. Mathematically, it results in:

de _d (E, cos mt}+ d (Ez cos 2wt) +d (Ej cos 3wt)

dt dt dt dt
= — wE, sin @t — 2wE: sin 2ot — 3wE; sin 3wt (3)

Here, the relative size of the second harmonic is doubled and that
of the third harmonic is tripled. Thus, with respect to the fundamen-
tal, the sizes of the harmonics are increased. When connected to a
scope, the distortion now becomes more obvious.
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APPENDIX G

Determining Second- and
Third-Harmonic Distortion
From Oscillograms

First assume an even-function type of signal which contains only
second harmonics. The only pertinent terms from equation 6-7 are:

e = E, cos wt + E, cos 2wt (1)
where,
e is a voltage at an instant of time,
E, is the peak voltage of the fundamental,
E. is the peak voltage of the second harmonic,
cos wt represents the sinusoidal excursions of the fundamental,
cos 2wt represents the sinusoidal excursions of the second harmonic,
w is the angular frequency equal to 2#f = 6.28f,
f is the frequency in cycles per second or Hz,
t is an instant of time in the cycle.

A drawing of this equation and its component parts is shown in
Fig. 6-11. In (A), the fundamental is shown; in (B), the second har-
monic has been drawn; and in (C), the two are added to give the
total of the two components, which is effectively equation 1.

In Fig. 6-11A, the amplitude of the signal at 27 is e, = E, cos wt
=E;cos 2r = E;; in (B), the amplitude of the harmonic at angle
27 is es = E, cos 2wt = E, cos 47 = E..
where,

e, is the voltage of the fundamental at an instant of time,

e, is the voltage of the second harmonic at an instant of time.

The amplitude of the signal in (C) at 27 is e,,. It is equal to the
sum of the amplitudes of the components at 2, or

CQ,—=E] +E-_- (2)
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Similarly, at angle 37, e, = E,cos 3w = — E, in Fig. 6-11A. In
Fig. 6-11B, e. = E. cos 2(37) = E. cos 6 = E.. Because the signal
in Fig. 6-11C is equal to the sum of the signals in (A) and (B), the
sum of the amplitudes of the components at angle 37 is equal to:

EH"=—E1+E2 {3)

Adding equation 2 and 3 will give the relative size of the second-
harmonic component, which is:

Coy + €
P 5 = (4)
Subtracting equation 3 from equation 2 gives the relative size of the
fundamental, which is:

o —C3a
E, = 218t (5)
The percentage of the second harmonic can be calculated from

equation 6-8, which will be:

percent 2nd harmonic = 100 (E./E,;) (6)

If a wave exhibits third-harmonic characteristics, as determined
from Fig. 6-6, a similar line of analysis may be pursued. The perti-
nent terms from equation 6-7 are:

e = E, cos wt + Ey cos 3at (7
where,

E; is the peak voltage of the third harmonic,

cos 3wt represents the sinusoidal excursions of the third harmonic.

It is assumed that the curve can be made to fit an even function
(no sine components), and that no even harmonics are present, nor
any harmonics above the third. Finally, it is assumed that the d-c
component is zero. All these conditions can be readily realized in
practice. The drawing of the component parts of equation 7 is shown
in Fig. 6-12.

While, from Fig. 6-11, two equally spaced ordinates in one cycle
were required to find the second-harmonic components, three equally
spaced ordinates must be determined from Fig. 6-12 to find the mag-
nitude of the third-harmonic component. These three ordinates are
at angle 27 or 360°, angle 87/3 or 480°, and angle 107/3 or 600°.

Consider the three significant ordinates in sequence. At angle 21,
the amplitude of the fundamental is e; = E; cos wt = E; cos 27 = E;;
the amplitude of the harmonic is e; = E3 cos 3wt = E;3 cos 6 = E;.

Thus:

esr = E; + Es (8)
where,

€. is the amplitude of the total signal at angle 2.
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At angle 87/3, which is identical to angle 27/3, the amplitude of
the fundamental is e, = E, cos wt = E; cos 27w/3 = — E,/2; the am-
plitude of the harmonic is ey = E; cos 3wt = E;cos 67/3 = E;. It
follows that:

vrsa = — 2+ Ey )
where,

e« 2 15 the amplitude of the total signal at angle 87/3.

At angle 107/3, which is identical to 47r/3, the amplitude of the
fundamental is e, = E, cos wt = E, cos 4m/3 = — E,/2; the ampli-
tude of the harmonic is e; = E; cos 3wt = E; cos 47 = E;. Thus:

_Ey

Cinw/n — o E, (10}

where,
€10 w3 is the amplitude of the total signal at angle 107/3.

The sum of equations 8, 9, and 10 gives the relative size of the
third-harmonic component. This is:
Eazezw“‘ﬁnw;"‘emw:: (1)
The relative size of the fundamental can be found by subtracting
equations 9 and 10 from two times equation 6-17. This gives a rela-
tive fundamental amplitude of:

E, = 2eay — ﬁn;m — Clomsa (12)
From equations 11, 12, and 6-8, the percent of third-harmonic dis-
tortion is:

percent third harmonic = 100 (E;/E;) (13)

Some readers may be concerned with the incomplete analysis,
where sinusoidal components are omitted. Experience shows that
most types of distortion found in an amplifier can be considered as
an even-function phenomenon. Furthermore, the method described,
though useful, is approximate. Neglecting odd functions should add
little to any error.

144



APPENDIX H

Generation of Sidebands by Nonlinear
Operation of the Amplifying Devices

If vacuum tubes (or transistors) are driven into nonlinear opera-
tion, the current at the plate (or collector) follows the well-known
expansion:

1= ae + a.e? (1)
where,
i is the plate current,
e is the instantaneous signal voltage,
a, and a, are constants.

Higher-order terms in equation 1 (such as age* + a,e® + aze® +
...ete.) have been omitted from the calculation. Although they may
be significant in determining all components in the distortion, that
exact an analysis is not required here. Equation 1 is sufficient to cal-
culate the type of frequencies present in a nonlinear amplifier when
two signals, E, and E,, are fed simultaneously to such a device.

Denote the sinusoidal signals fed simultaneously to an amplifier
(for intermodulation tests) by the equation:

e =E;cos w, t+ E.cos wst (2)
where,

E, and E. are the peak voltages of signals 1 and 2, respectively,
w, and w2 are the angular frequencies of each of these signals and
are equal to 27f, (6.28f,) and 27f, (6.28f,) respectively,

f, and f, are the respective frequencies in cycles per second or Hz.

Squaring equation 2 gives:

e2 = E;?cos® w; t + Es® cos® wot + 2E; E; cos et cos wat  (3)
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Substituting equation 2 and 3 into equation 1 shows i to be:
L= dy (E] COs wst + Eu cOs wgt) +
as (B2 cos? wyt -+ Eu* cos? wst) +
2 E,Escos w; t cos wat (4)

From trigonometry, it can be shown that:

cos“mt:%+—;—cos 2wt (5)
It can also be shown that:
cos (wit + wat) = cos w;t cos wat — sin w;t sin wst (6)
and:
cos (it + wsl) = COS w;t COS wat + Sin w;t sin wat (7)

Adding equations 6 and 7 results in:
cos (wy + wa) t + cos (w; — wy) t = 2 cos w;t COS wat (8)
Substituting equations 5 and 8 into equation 4 gives us:

i=a, (E; cos wit + E., cos wot)

- az[EI:(‘i— + %cos Zmll) + E-f(% + %cos szi)

+ EE. (cos (w; + wa)t + cos (w — &Jz)[J (9)

From equation 9, is it possible to find some of the frequencies pres-
ent when there is square-law nonlinearity. @, and w, are the funda-
mental frequencies which appear at the output as well as the input,
and 2w, and 2w, are harmonics of these frequencies. (@, + w:) and
(w) — w2) are the sum and difference components of these frequen-
cies. If the higher-order terms had been considered in equation 1,
more combinations of sum and difference frequencies would be pres-
ent in the final equation.
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APPENDIX |

Equivalent Sine-Wave Power

The relation between actual power and measured power for the
curve in Fig. 7-5B can be derived as follows. The voltage in the mod-
ulated cases are related by the ratio of 4:1.

Epl = 4E|,12 ( l )

Substituting this into equation 7-3, which states E, = E;,; + E,5, we
find that:

Ep = 4Epg e EpQ == SElif

or:

Ep:.=E» (2)
but:

E, = 4Ep:
therefore:

Enn =4E, 5 (3
where,

E, is the peak voltage of the composite signal,
E,: is the peak voltage of the low-frequency signal,
E.. is the peak voltage of the high frequency.

To find the power contributed by each of these voltages, E, and
E,s, across the load resistor, Ry, the peak voltages must be converted
to rms values, This is easily accomplished by dividing each of these
by V2, or, from equation 3,

Ep _ 4)1_5_"_ 4)
Ermsl—\/z_(s_ \_/‘2' ’ (
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and from equation 2,

- EDS - 1) EI‘ 5
Erlllﬁ:’ o \/i T (? \/z ( ]
where,

E.me: Is the rms voltage contributed by the low frequency signal,
E.ms2 is the rms voltage contributed by the high frequency signal.

The power w, delivered by E... is, from equations 7-2 and 4:

o =52=(3)(%) (=) ©

and the power w,, delivered by E.n is, from equations 7-2 and 5:

B Eurnu&__ ]- El‘l2 ]-
o= 52 (35)(F) (=) o

The total power delivered to the load, Ry, is the sum of these two
individual values, or:

o= (3)(%) (w0) ®

Substituting equation 7-3 into equation 8, we get:

7
wi-l—cug:(é—s)wp (9)

Thus, the power delivered to the load during an intermodulation
test is 17/25 the power delivered during the sinusoidal harmonic dis-
tortion test, if both tests are to be conducted under identical voltage
swing conditions. This is known as the equivalent sine-wave power;
17/25 is an important number to remember.

If the output meter responds to rms values of the wave shapes
rather than peaks, the power at the output can be calculated using
equation 9. Power is a function of the rms voltage developed across
the load resistor. An rms measuring voltmeter indicates (by calcula-
tion) the power that is across the load. If the meter reads the signal
drawn in Fig, 7-5B, the equivalent sine-wave power is 25/17 the
power calculated from the meter reading.
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APPENDIX J

Derivation of RMS Voltage
and Average Power

The rms voltage of equation 8-5, and the average power of equa-
tion 8-3, can be derived directly from the equation defining 8-2 sine-
wave voltage.

The meaning of the constants have been stated in Chapter 8.

Substituting this into equation 8-1, power at any specific instant of
time during the cycle is:

E%unx (cos 27ft)?

el
b g R ek

where,

P is the instantaneous power dissipated by the load resistor,
e is the instantaneous voltage across the load,

R is the resistance of the load,

Euax is the peak value of the voltage in the cycle,

f is the frequency of the sinusoidal signal,

t is an instant of time in the cycle,

7 is a constant equal to 3.14.

The expression (cos 2wft)? can be expanded trigonometrically as
follows:

feos Zn'ft)i’:%[l £ oond (ZWft)] 2)

=—é= (1 + cos 4xft)

Substituting this into the above equation for power results in:

— E‘Jmnx 1
P___R (7)(1 + cos 47rft) (3)
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This equation is an expression of the power at any specific instant
of time during the complete cycle. The average power through the
cycle, the actual measured value at the output of an amplifier, is de-
rived by simply studying the last equation. Over a complete cycle, the
term cos 4ft becomes zero because of zero-axis symmetry. The pre-
ceding power equation becomes:

P:(Eﬁ_)@)(l +(.,)) :
_ Eun ( ﬁ‘) = (E_\/z:) (ﬁl)

The quantity in the parenthesis, E,./V/2, is the rms value for
voltage as indicated in equation 8-3. The average power is:

Errm::‘_.
Pie ==~ ()
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APPENDIX K

Comparison of Sensitivities of Two Amplifiers
With Different Power-Output Capabilities

Assume E,; is the voltage developed across the load resistor, Ry,
for an output power of P, watts from the smaller amplifier. E, is the
voltage developed for an output power of P, watts from the larger
unit. Then:

E, = (PiRy)'2 (1)
and:
Es = (PoRy) 1 (2)
The known gain, G., of the larger amplifier is:
1/2
E: _(PRV _ 5, (3)
vy Vi
where,

v, is the input voltage at the larger amplifier for P, watts out.

The gain of the larger amplifier (assuming linearity) is G., regard-
less of the input-signal strength. The voltage gain of this larger ampli-
fier can be stated as:

E; _(PRy)'2

vy Vs

= Gy (4)

when an input signal, vy, is fed to the input of this larger amplifier for
an output of E; volts or P, watts. Using equations 3 and 4 and per-
forming the necessary simplifications results in:

Vi = Va (;’;)m (5)

which is the expected exponential equation.
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APPENDIX L

Derivation of Formula
for Phase Measurements
on a Scope Display

To facilitate the derivation of the formula for phase measurements,
we must recall some elementary trigonometry. In Fig. 1A, a circle
with a radius equal to “1” is shown. A horizontal radius is drawn, as
well as a second radius rotated by an angle wt. The length of the ver-
tical line connected to the two radii is sin wt/1, or simply sin wt.
Extending this construction for 360°, the well-known sine wave can
be evolved. This is shown in Fig. 1B. A circle can thus be used to
represent the sine wave.

Now, let us see just what will happen when we add two sine waves
or circles, when one sine wave is applied to the vertical-deflection
plates of the scope and the second to the horizontal. In the measure-
ment, the scope is adjusted so that the resultant pattern will fit into
a square on the cathode-ray tube screen. Hence, the vertical and hor-
izontal amplitudes on the scope are equal. Several examples of this
are shown in Fig. 2. Note that a zero-degree phase relationship shows

(A) A circle with a radius equal to one. (B} A circle representing a sine wave.

Fig. 1. Derivation of the sine wave.
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up as a 90-degree difference between the two circles in the drawing.
This is due to the fact that they are fed to two pairs of deflection
plates (in the scope) which are oriented at 90 degrees with respect to
each other. The period of cach circle is divided into eight parts for
ease of superposition in the final drawing in the square.

The phase difference between the two signals can be determined
from the opening in the ellipse along the horizontal axis. In Fig. 2C,
half of the opening of the ellipse along the horizontal axis is shown
as x. The diameter of either circle as well as the length of each side
of the square is 2r. The phase angle is created by the twe radii, r. The
sine of this angle is x/r.

{A) Zero-degree phase shift described by (B} A 90.degree phase shift described by
a straight line. a circle in a square.

3

. (C) An ellipse with phase shift when ¢ is
J: between 0 and 90 degrees.
]
]

Fig. 2. Resultant curves when two equal sinuscidal signals are added at 90 degrees to
each other.
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Thus, the relative phase of the two curves can be found from the
equation:

Sin ¢ = x/r, or ¢ = arc¢ sin X/t (1)

If the constructions in Fig. 2 were extended, the curves for ¢ from
0° to 90° and 270° to 360° would slant in the positive direction,
while the curves for ¢ from 90° to 270° would slant in the negative
direction. The elliptical shapes can be derived mathematically. If the
voltages applied to the two sets of plates are controlled so that they
both equal E, the deflection along the y axis will be:

y = E cos wt & (2)
and along the x axis, the deflection will be:
x=Ecos (wt+ ¢) = E (cos wt cos ¢ — sin wt sin ¢p) = x. — x, (3)

From equation 2:

cos wt = y/E (4)
and from equation 3:
sin wt = x./E sin ¢ (5)
Squaring equations 4 and 5 and adding them together gives:
y/E? + x#/E”sin® ¢ = 1 (6)

which is the equation of an ellipse.
The other factor in the equation is:
X. = Ecoswtcos ¢ = ycos (7)
a straight line,

The ellipse in equation 6 and the straight line in equations 7 make
up the curves shown in Fig, 2.
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APPENDIX M

Derivation of Formula for
Determining Damping Factor

Referring to Fig. 10-7A, let Ry equal the rated output imped-
ance of an amplifier, R, the internal (Thevenon) impedance of the
amplifier, and e, the internal (Thevenon) voltage of the amplifier.
The voltage across this output impedance is:

_ Ry
ﬁ..—meu (1)

Now increase the output impedance, R;, by some small (1.25 to
2) factor, m. Consequently, the output voltage would be increased
by a factor n. The equation for this, shown in Fig. 10-7b, is:

_ mR,,
M R, + mR, ko {2
where,
m is the ratio of the new value of R to the old value of R;.
_ Ry (new) _
mw—m'l—a“)—— 1.25 to 2,

n is the ratio of the voltage across the new value of Ry, to the voltage
€rms (across new Ry,)

Crms (across old R[_} d

across the old value of R;. n=
The change in voltage is due to the change in Ry. This change is
across R;.
Substituting equation 1 into equation 2 will yield:

nRie. = mRge,
R.+ Ry R.+ mRy

(3)

155



Canceling terms and cross-multiplying:

mR, + mR;, = nR, + nmRy (3A)
Ry (nm —m) =R, (m —n) (4)
Bi B0 . damping factor (5)

R, nm—-m
which by definition is the damping factor. Equation 5 and the more
accurate test method can be applied to any amplifier, whether it is of
the transistor or vacuum tube type.

Equation 5 can be changed into the form:

1 —n/m

damping factor = D.F. = =

(6)

if the numerator and denominator are divided by m. Letting m ap-
proach infinity, which is the same as saying let Ry. in Fig. 10-7B be
an open circuit, changes equation 6 into:

1

DF.= =g (7
Substituting n = %3 into the equation gives:
| R -
D.F.—_eﬁ g =y (8)

— 1
€y
where,
e, Is the rms output voltage across the rated load resistor, Ry,
e,: is the rms output voltage when Ry is open or made equal to
infinity.

The damping factor is the voltage across the required load divided
by the difference between the voltage across an infinite load and the
voltage across the required load.
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MEASURING H!-FI AMPLIFIERS

by Mannie Horowitz

Most audio-amplifier circuits, no matter how complex, stem
from just a few fundamental designs. Thus, to understand how
these circuits operate and the various characteristics of each
unit, you need a working knowledge of the basic principles.
Moreover, few amplifiers are sold which do not have a long list
of data that define the characteristics of these amplifiers.

Measuring HI-FI Amplifiers will supply these basic principles
and will clarify the manufacturers’ data by giving the meanings
behind them. The book contains a comparison of various types
of instruments used in measuring audio equipment. Also in-
cluded are graphs and test setups to aid you in understanding
the fundamental operation of hi-fi amplifiers. Various subjects
such as checking frequency response, harmonic and intermodu-
lation distortion, sensitivity and overload, measuring and match-
ing phono, tape playback, and microphone equalization curves
are discussed. Vacuum-tube and transistor amplifiers are both
covered extensively.

Measuring Hi-Fi Amplifiers contains the answers to many
questions. It is intended for the technician, engineer, or audio-
phile. Mathematics is used throughout, but may be bypassed
without loss of continuity. Detailed deviations are relegated to
appendices, where they may be referred to as desired.
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