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Audio Principles

John Watkinson

1.1 The Physics of Sound

Sound is simply an airborne version of vibration. The air which carries sound is a mixture
of gases. In gases, the molecules contain so much energy that they break free from

their neighbors and rush around at high speed. As Figure 1.1(a) shows, the innumerable
elastic collisions of these high-speed molecules produce pressure on the walls of any

gas container. If left undisturbed in a container at a constant temperature, eventually the
pressure throughout would be constant and uniform.

Sound disturbs this simple picture. Figure 1.1(b) shows that a solid object which moves
against gas pressure increases the velocity of the rebounding molecules, whereas in
Figure 1.1(c) one moving with gas pressure reduces that velocity. The average velocity
and the displacement of all the molecules in a layer of air near a moving body is the
same as the velocity and displacement of the body. Movement of the body results in a
local increase or decrease in pressure of some kind. Thus sound is both a pressure and a
velocity disturbance.

% 7 7
Pressure Rebound is Rebound is
faster slower
(a) (b) (c)

Figure 1.1: (a) The pressure exerted by a gas is due to countless elastic collisions between
gas molecules and the walls of the container. (b) If the wall moves against the gas pressure,

the rebound velocity increases. (c) Motion with the gas pressure reduces the particle velocity.
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Despite the fact that a gas contains endlessly colliding molecules, a small mass or particle
of gas can have stable characteristics because the molecules leaving are replaced by new
ones with identical statistics. As a result, acoustics seldom need to consider the molecular
structure of air and the constant motion can be neglected. Thus when particle velocity

and displacement are considered, this refers to the average values of a large number of
molecules. In an undisturbed container of gas, the particle velocity and displacement will
both be zero everywhere.

When the volume of a fixed mass of gas is reduced, the pressure rises. The gas acts like
a spring; it is compliant. However, a gas also has mass. Sound travels through air by an
interaction between the mass and the compliance. Imagine pushing a mass via a spring. It
would not move immediately because the spring would have to be compressed in order to
transmit a force. If a second mass is connected to the first by another spring, it would start
to move even later. Thus the speed of a disturbance in a mass/spring system depends on
the mass and the stiffness. Sound travels through air without a net movement of the air.

The speed of sound is proportional to the square root of the absolute temperature. On
earth, temperature changes with respect to absolute zero (—273°C) also amount to around
1% except in extremely inhospitable places. The speed of sound experienced by most of
us is about 1000 ft per second or 344 m per second.

1.2 Wavelength

Sound can be due to a one-off event known as percussion, or a periodic event such as
the sinusoidal vibration of a tuning fork. The sound due to percussion is called transient,
whereas a periodic stimulus produces steady-state sound having a frequency f.

Because sound travels at a finite speed, the fixed observer at some distance from the
source will experience the disturbance at some later time. In the case of a transient

sound caused by an impact, the observer will detect a single replica of the original as

it passes at the speed of sound. In the case of the tuning fork, a periodic sound source,

the pressure peaks and dips follow one another away from the source at the speed of
sound. For a given rate of vibration of the source, a given peak will have propagated a
constant distance before the next peak occurs. This distance is called the wavelength
lambda. Figure 1.2 shows that wavelength is defined as the distance between any two
identical points on the whole cycle. If the source vibrates faster, successive peaks get
closer together and the wavelength gets shorter. Figure 1.2 also shows that the wavelength
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Figure 1.2: Wavelength is defined as the distance between two points at the same place on

adjacent cycles. Wavelength is inversely proportional to frequency.

is inversely proportional to the frequency. It is easy to remember that the wavelength of
1000Hz is a foot (about 30cm).

1.3 Periodic and Aperiodic Signals

Sounds can be divided into these two categories and analyzed either in the time domain
in which the waveform is considered or in the frequency domain in which the spectrum is
considered. The time and frequency domains are linked by transforms of which the best
known is the Fourier transform.

Figure 1.3(a) shows that an ideal periodic signal is one which repeats after some constant
time has elapsed and goes on indefinitely in the time domain. In the frequency domain
such a signal will be described as having a fundamental frequency and a series of
harmonics or partials that are at integer multiples of the fundamental. The timbre of an
instrument is determined by the harmonic structure. Where there are no harmonics at all,
the simplest possible signal results that has only a single frequency in the spectrum. In the
time domain this will be an endless sine wave.

Figure 1.3(b) shows an aperiodic signal known as white noise. The spectrum shows that
there is an equal level at all frequencies, hence the term “white,” which is analogous to
the white light containing all wavelengths. Transients or impulses may also be aperiodic.
A spectral analysis of a transient [Figure 1.3(c)] will contain a range of frequencies, but
these are not harmonics because they are not integer multiples of the lowest frequency.
Generally the narrower an event in the time domain, the broader it will be in the
frequency domain and vice versa.
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Level
| | 1
f, 3f, 5f, 7f, 9f, Frequency
Waveform Spectrum
(@)
Level
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Level
| ‘ | || R
Waveform Spectrum Frequency

(©
Figure 1.3: (a) A periodic signal repeats after a fixed time and has a simple spectrum
consisting of fundamental plus harmonics. (b) An aperiodic signal such as noise does not

repeat and has a continuous spectrum. (c) A transient contains an anharmonic spectrum.

1.4 Sound and the Ear

Experiments can tell us that the ear only responds to a certain range of frequencies
within a certain range of levels. If sound is defined to fall within those ranges, then
its reproduction is easier because it is only necessary to reproduce those levels and
frequencies that the ear can detect.

Psychoacoustics can describe how our hearing has finite resolution in both time and
frequency domains such that what we perceive is an inexact impression. Some aspects
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of the original disturbance are inaudible to us and are said to be masked. If our goal is
the highest quality, we can design our imperfect equipment so that the shortcomings
are masked. Conversely, if our goal is economy we can use compression and hope that
masking will disguise the inaccuracies it causes.

A study of the finite resolution of the ear shows how some combinations of tones sound
pleasurable whereas others are irritating. Music has evolved empirically to emphasize
primarily the former. Nevertheless, we are still struggling to explain why we enjoy music
and why certain sounds can make us happy whereas others can reduce us to tears. These
characteristics must still be present in digitally reproduced sound.

The frequency range of human hearing is extremely wide, covering some 10 octaves (an
octave is a doubling of pitch or frequency) without interruption.

By definition, the sound quality of an audio system can only be assessed by human
hearing. Many items of audio equipment can only be designed well with a good knowledge
of the human hearing mechanism. The acuity of the human ear is finite but astonishing. It
can detect tiny amounts of distortion and will accept an enormous dynamic range over a
wide number of octaves. If the ear detects a different degree of impairment between two
audio systems in properly conducted tests, we can say that one of them is superior.

However, any characteristic of a signal that can be heard can, in principle, also

be measured by a suitable instrument, although in general the availability of such
instruments lags the requirement. The subjective tests will tell us how sensitive the
instrument should be. Then the objective readings from the instrument give an indication
of how acceptable a signal is in respect of that characteristic.

The sense we call hearing results from acoustic, mechanical, hydraulic, nervous, and
mental processes in the ear/brain combination, leading to the term psychoacoustics. It
is only possible to briefly introduce the subject here. The interested reader is referred to
Moore! for an excellent treatment.

Figure 1.4 shows that the structure of the ear is divided into outer, middle, and inner ears.
The outer ear works at low impedance, the inner ear works at high impedance, and the
middle ear is an impedance matching device. The visible part of the outer ear is called the
pinna, which plays a subtle role in determining the direction of arrival of sound at high
frequencies. It is too small to have any effect at low frequencies. Incident sound enters
the auditory canal or meatus. The pipe-like meatus causes a small resonance at around
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Ossicles
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nerve

Outer ear
(pinna)
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Eardrum

Ear canal Eustachian

tube
Figure 1.4: The structure of the human ear. See text for details.

Malleus Incus

i

«— Footplate

Stapes

/ Tympanic membrane

Ear canal
Figure 1.5: The malleus tensions the tympanic membrane into a conical shape.
The ossicles provide an impedance-transforming lever system between the

tympanic membrane and the oval window.

4kHz. Sound vibrates the eardrum or tympanic membrane, which seals the outer ear from
the middle ear. The inner ear or cochlea works by sound traveling though a fluid. Sound
enters the cochlea via a membrane called the oval window.

If airborne sound were to be incident on the oval window directly, the serious impedance
mismatch would cause most of the sound to be reflected. The middle ear remedies that
mismatch by providing a mechanical advantage. The tympanic membrane is linked to
the oval window by three bones known as ossicles, which act as a lever system such that
a large displacement of the tympanic membrane results in a smaller displacement of the
oval window but with greater force. Figure 1.5 shows that the malleus applies a tension
to the tympanic membrane, rendering it conical in shape. The malleus and the incus are
firmly joined together to form a lever. The incus acts on the stapes through a spherical
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joint. As the area of the tympanic membrane is greater than that of the oval window, there
is further multiplication of the available force. Consequently, small pressures over the
large area of the tympanic membrane are converted to high pressures over the small area
of the oval window.

The middle ear is normally sealed, but ambient pressure changes will cause static
pressure on the tympanic membrane, which is painful. The pressure is relieved by the
Eustachian tube, which opens involuntarily while swallowing. The Eustachian tubes
open into the cavities of the head and must normally be closed to avoid one’s own speech
appearing deafeningly loud.

The ossicles are located by minute muscles, which are normally relaxed. However,
the middle ear reflex is an involuntary tightening of the tensor tympani and stapedius
muscles, which heavily damp the ability of the tympanic membrane and the stapes to
transmit sound by about 12 dB at frequencies below 1kHz. The main function of this
reflex is to reduce the audibility of one’s own speech. However, loud sounds will also
trigger this reflex, which takes some 60 to 120 ms to occur, too late to protect against
transients such as gunfire.

1.5 The Cochlea

The cochlea, shown in Figure 1.6(a), is a tapering spiral cavity within bony walls, which
is filled with fluid. The widest part, near the oval window, is called the base and the
distant end is the apex. Figure 1.6(b) shows that the cochlea is divided lengthwise into
three volumes by Reissner’s membrane and the basilar membrane. The scala vestibuli
and the scala tympani are connected by a small aperture at the apex of the cochlea known
as the helicotrema. Vibrations from the stapes are transferred to the oval window and
become fluid pressure variations, which are relieved by the flexing of the round window.
Essentially the basilar membrane is in series with the fluid motion and is driven by it
except at very low frequencies where the fluid flows through the helicotrema, bypassing
the basilar membrane.

The vibration of the basilar membrane is sensed by the organ of Corti, which runs along
the center of the cochlea. The organ of Corti is active in that it contains elements that can
generate vibration as well as sense it. These are connected in a regenerative fashion so
that the Q factor, or frequency selectivity of the ear, is higher than it would otherwise be.
The deflection of hair cells in the organ of Corti triggers nerve firings and these signals
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Figure 1.6: (a) The cochlea is a tapering spiral cavity. (b) The cross section of the cavity is
divided by Reissner’s membrane and the basilar membrane. (c) The basilar
membrane tapers so that its resonant frequency changes along its length.

are conducted to the brain by the auditory nerve. Some of these signals reflect the time
domain, particularly during the transients with which most real sounds begin and also
at low frequencies. During continuous sounds, the basilar membrane is also capable of
performing frequency analysis.

Figure 1.6(c) shows that the basilar membrane is not uniform, but tapers in width and
varies in thickness in the opposite sense to the taper of the cochlea. The part of the basilar
membrane that resonates as a result of an applied sound is a function of the frequency.
High frequencies cause resonance near the oval window, whereas low frequencies cause
resonances further away. More precisely, the distance from the apex where the maximum
resonance occurs is a logarithmic function of the frequency. Consequently, tones spaced
apart in octave steps will excite evenly spaced resonances in the basilar membrane. The
prediction of resonance at a particular location on the membrane is called place theory.
Essentially the basilar membrane is a mechanical frequency analyzer.
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Nerve firings are not a perfect analog of the basilar membrane motion. On continuous tones,
a nerve firing appears to occur at a constant phase relationship to the basilar vibration, a
phenomenon called phase locking, but firings do not necessarily occur on every cycle. At
higher frequencies firings are intermittent, yet each is in the same phase relationship.

The resonant behavior of the basilar membrane is not observed at the lowest audible
frequencies below 50 Hz. The pattern of vibration does not appear to change with
frequency and it is possible that the frequency is low enough to be measured directly
from the rate of nerve firings.

1.6 Mental Processes

The nerve impulses are processed in specific areas of the brain that appear to have
evolved at different times to provide different types of information. The time domain
response works quickly, primarily aiding the direction-sensing mechanism and is older
in evolutionary terms. The frequency domain response works more slowly, aiding the
determination of pitch and timbre and evolved later, presumably as speech evolved.

The earliest use of hearing was as a survival mechanism to augment vision. The most
important aspect of the hearing mechanism was the ability to determine the location

of the sound source. Figure 1.7 shows that the brain can examine several possible
differences between the signals reaching the two ears. In Figure 1.7(a), a phase shift is
apparent. In Figure 1.7(b), the distant ear is shaded by the head, resulting in a different
frequency response compared to the nearer ear. In Figure 1.7(c), a transient sound arrives
later at the more distant ear. The interaural phase, delay, and level mechanisms vary in
their effectiveness depending on the nature of the sound to be located. At some point

a fuzzy logic decision has to be made as to how the information from these different
mechanisms will be weighted.

There will be considerable variation with frequency in the phase shift between the ears.
At a low frequency such as 30 Hz, the wavelength is around 11.5m so this mechanism
must be quite weak at low frequencies. At high frequencies the ear spacing is many
wavelengths, producing a confusing and complex phase relationship. This suggests a
frequency limit of around 1500 Hz, which has been confirmed experimently.

At low and middle frequencies, sound will diffract round the head sufficiently well that
there will be no significant difference between the levels at the two ears. Only at high
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frequencies does sound become directional enough for the head to shade the distant ear,
causing what is called interaural intensity difference.

Phase differences are only useful at low frequencies and shading only works at high
frequencies. Fortunately, real-world noises and sounds are broadband and often contain
transients. Timbral, broadband, and transient sounds differ from tones in that they contain
many different frequencies. Pure tones are rare in nature.

A transient has a unique aperiodic waveform, which, as Figure 1.7(c) shows, suffers no
ambiguity in the assessment of interaural delay (IAD) between two versions. Note that

a one-degree change in sound location causes an IAD of around 10ps. The smallest
detectable IAD is a remarkable 6 ps. This should be the criterion for spatial reproduction
accuracy.

Transient noises produce a one-off pressure step whose source is accurately and
instinctively located. Figure 1.8 shows an idealized transient pressure waveform
following an acoustic event. Only the initial transient pressure change is required for
location. The time of arrival of the transient at the two ears will be different and will
locate the source laterally within a processing delay of around a millisecond.

Following the event that generated the transient, the air pressure equalizes. The time
taken for this equalization varies and allows the listener to establish the likely size of

p Pressure A = Start of transient pressure change
(mbar) A-B = Rise slope
A—C =Rise time
B—F = Pressure equalization time
S LIPSt N
P D\/: Teeeet -
E
< 30ms ‘| __>10-30ms__
Location | Source size assessment ’|Pitch recognition begins here
occurs occurs here
here
0
p, = Static pressure —> Time (ms)

0 = Absolute vacuum
Figure 1.8: A real acoustic event produces a pressure step. The initial step is used for
spatial location; equalization time signifies the size of the source. (Courtesy of

Manger Schallwandlerbau.)
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the sound source. The larger the source, the longer the pressure—equalization time. Only
after this does the frequency analysis mechanism tell anything about the pitch and timbre
of the sound.

The aforementioned results suggest that anything in a sound reproduction system that
impairs the reproduction of a transient pressure change will damage localization and
the assessment of the pressure—equalization time. Clearly, in an audio system that
claims to offer any degree of precision, every component must be able to reproduce
transients accurately and must have at least a minimum phase characteristic if it cannot
be phase linear. In this respect, digital audio represents a distinct technical performance
advantage, although much of this is later lost in poor transducer design, especially in
loudspeakers.

1.7 Level and Loudness

At its best, the ear can detect a sound pressure variation of only 2 X 107> Pascals root
mean square (rms) and so this figure is used as the reference against which the sound
pressure level (SPL) is measured. The sensation of loudness is a logarithmic function of
SPL; consequently, a logarithmic unit, the decibel, was adopted for audio measurement.
The decibel is explained in detail in Section 1.12.

The dynamic range of the ear exceeds 130dB, but at the extremes of this range, the ear
either is straining to hear or is in pain. The frequency response of the ear is not at all
uniform and it also changes with SPL. The subjective response to level is called loudness
and is measured in phons. The phon scale is defined to coincide with the SPL scale at
1kHz, but at other frequencies the phon scale deviates because it displays the actual SPLs
judged by a human subject to be equally loud as a given level at 1 kHz. Figure 1.9 shows
the so-called equal loudness contours, which were originally measured by Fletcher and
Munson and subsequently by Robinson and Dadson. Note the irregularities caused by
resonances in the meatus at about 4 and 13 kHz.

Usually, people’s ears are at their most sensitive between about 2 and 5 kHz; although
some people can detect 20kHz at high level, there is much evidence to suggest that most
listeners cannot tell if the upper frequency limit of sound is 20 or 16kHz.>> For a long
time it was thought that frequencies below about 40 Hz were unimportant, but it is now

clear that the reproduction of frequencies down to 20 Hz improves reality and ambience.*
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Figure 1.9: Contours of equal loudness showing that the frequency response of the ear is
highly level dependent (solid line, age 20; dashed line, age 60).

The generally accepted frequency range for high-quality audio is 20 to 20,000 Hz,
although an upper limit of 15,000 Hz is often applied for broadcasting.

The most dramatic effect of the curves of Figure 1.9 is that the bass content of reproduced
sound is reduced disproportionately as the level is turned down. This would suggest that
if a sufficiently powerful yet high-quality reproduction system is available, the correct
tonal balance when playing a good recording can be obtained simply by setting the
volume control to the correct level. This is indeed the case. A further consideration is that
many musical instruments, as well as the human voice, change timbre with the level and
there is only one level that sounds correct for the timbre.

Audio systems with a more modest specification would have to resort to the use of tone
controls to achieve a better tonal balance at lower SPL. A loudness control is one where
the tone controls are automatically invoked as the volume is reduced. Although well meant,
loudness controls seldom compensate accurately because they must know the original level
at which the material was meant to be reproduced as well as the actual level in use.
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A further consequence of level-dependent hearing response is that recordings that are
mixed at an excessively high level will appear bass light when played back at a normal
level. Such recordings are more a product of self-indulgence than professionalism.

Loudness is a subjective reaction and is almost impossible to measure. In addition to the
level-dependent frequency response problem, the listener uses the sound not for its own

sake but to draw some conclusion about the source. For example, most people hearing a
distant motorcycle will describe it as being loud. Clearly, at the source, it is loud, but the
listener has compensated for the distance.

The best that can be done is to make some compensation for the level-dependent response
using weighting curves. Ideally, there should be many, but in practice the A, B, and

C weightings were chosen where the A curve is based on the 40-phon response. The
measured level after such a filter is in units of dBA. The A curve is almost always used
because it most nearly relates to the annoyance factor of distant noise sources.

1.8 Frequency Discrimination

Figure 1.10 shows an uncoiled basilar membrane with the apex on the left so that the usual
logarithmic frequency scale can be applied. The envelope of displacement of the basilar
membrane is shown for a single frequency at Figure 1.10(a). The vibration of the membrane
in sympathy with a single frequency cannot be localized to an infinitely small area, and
nearby areas are forced to vibrate at the same frequency with an amplitude that decreases
with distance. Note that the envelope is asymmetrical because the membrane is tapering
and because of frequency-dependent losses in the propagation of vibrational energy down
the cochlea. If the frequency is changed, as in Figure 1.10(b), the position of maximum
displacement will also change. As the basilar membrane is continuous, the position of
maximum displacement is infinitely variable, allowing extremely good pitch discrimination
of about one-twelfth of a semitone, which is determined by the spacing of hair cells.

In the presence of a complex spectrum, the finite width of the vibration envelope means
that the ear fails to register energy in some bands when there is more energy in a nearby
band. Within those areas, other frequencies are mechanically excluded because their
amplitude is insufficient to dominate the local vibration of the membrane. Thus the Q
factor of the membrane is responsible for the degree of auditory masking, defined as
the decreased audibility of one sound in the presence of another. Masking is important
because audio compression relies heavily on it.
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Figure 1.11: The critical bandwidth changes with SPL.

The term used in psychoacoustics to describe the finite width of the vibration envelope
is critical bandwidth. Critical bands were first described by Fletcher.’ The envelope of
basilar vibration is a complicated function. It is clear from the mechanism that the area
of the membrane involved will increase as the sound level rises. Figure 1.11 shows the
bandwidth as a function of level.

As seen elsewhere, transform theory teaches that the higher the frequency resolution of
a transform, the worse the time accuracy. As the basilar membrane has finite frequency
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resolution measured in the width of a critical band, it follows that it must have finite
time resolution. This also follows from the fact that the membrane is resonant, taking
time to start and stop vibrating in response to a stimulus. There are many examples
of this. Figure 1.12 shows the impulse response. Figure 1.13 shows that the perceived
loudness of a tone burst increases with duration up to about 200 ms due to the finite
response time.

The ear has evolved to offer intelligibility in reverberant environments, which it does by
averaging all received energy over a period of about 30 ms. Reflected sound that arrives
within this time is integrated to produce a louder sensation, whereas reflected sound
that arrives after that time can be temporally discriminated and perceived as an echo.

Attack Decay

time time
> [Ra—
Excitation Motion of
tone burst basilar
membrane

Figure 1.12: Impulse response of the ear showing slow attack and decay as a

consequence of resonant behavior.
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Figure 1.13: Perceived level of tone burst rises with duration as resonance builds up.
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Microphones have no such ability, which is why acoustic treatment is often needed in
areas where microphones are used.

A further example of the finite time discrimination of the ear is the fact that short
interruptions to a continuous tone are difficult to detect. Finite time resolution means that
masking can take place even when the masking tone begins after and ceases before the
masked sound. This is referred to as forward and backward masking.6

Figure 1.14(a) shows an electrical signal in which two equal sine waves of nearly the
same frequency have been added together linearly. Note that the envelope of the signal
varies as the two waves move in and out of phase. Clearly the frequency transform
calculated to infinite accuracy is that shown at Figure 1.14(b). The two amplitudes are
constant and there is no evidence of envelope modulation. However, such a measurement
requires an infinite time. When a shorter time is available, the frequency discrimination of
the transform falls and the bands in which energy is detected become broader.

Level
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F K Frequency

Level
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-
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(©
Figure 1.14: (a) Result of adding two sine waves of similar frequency. (b) Spectrum of (a)
to infinite accuracy. (c) With finite accuracy, only a single frequency is distinguished whose

amplitude changes with the envelope of (a) giving rise to beats.
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When the frequency discrimination is too wide to distinguish the two tones as shown in
Figure 1.14(c), the result is that they are registered as a single tone. The amplitude of the
single tone will change from one measurement to the next because the envelope is being
measured. The rate at which the envelope amplitude changes is called beat frequency,
which is not actually present in the input signal. Beats are an artifact of finite frequency
resolution transforms. The fact that human hearing produces beats from pairs of tones
proves that it has finite resolution.

1.9 Frequency Response and Linearity

It is a goal in high-quality sound reproduction that the timbre of the original sound shall
not be changed by the reproduction process. There are two ways in which timbre can
inadvertently be changed, as Figure 1.15 shows. In Figure 1.15(a), the spectrum of

the original shows a particular relationship between harmonics. This signal is passed
through a system [Figure 1.15 (b)] that has an unequal response at different frequencies.

Level Level
Frequency Frequency
Input spectrum Frequency response
(a) (b)
Level

N

Frequency

|
Output spectrum
(c)
Figure 1.15: Why frequency response matters. (a) Original spectrum determines the
timbre of sound. If the original signal is passed through a system with a deficient frequency

response (b), the timbre will be changed (c).
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The result is that the harmonic structure [Figure 1.15(c)] has changed, and with it the
timbre. Clearly a fundamental requirement for quality sound reproduction is that the
response to all frequencies should be equal.

Frequency response is easily tested using sine waves of constant amplitude at various
frequencies as an input and noting the output level for each frequency.

Figure 1.16 shows that another way in which timbre can be changed is by nonlinearity.
All audio equipment has a transfer function between the input and the output, which
form the two axes of a graph. Unless the transfer function is exactly straight or linear,
the output waveform will differ from the input. A nonlinear transfer function will cause
distortion, which changes the distribution of harmonics and changes timbre.

At a real microphone placed before an orchestra a multiplicity of sounds may arrive
simultaneously. Because the microphone diaphragm can only be in one place at a
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Figure 1.16: Nonlinearity of the transfer function creates harmonies by distorting the

waveform. Linearity is extremely important in audio equipment.
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Figure 1.17: (a) A perfectly linear system will pass a number of superimposed waveforms
without interference so that the output spectrum does not change. (b) A nonlinear system
causes intermodulation where the output spectrum contains sum and difference frequencies

in addition to the originals.

time, the output waveform must be the sum of all the sounds. An ideal microphone
connected by ideal amplification to an ideal loudspeaker will reproduce all of the sounds
simultaneously by linear superimposition. However, should there be a lack of linearity
anywhere in the system, the sounds will no longer have an independent existence, but will
interfere with one another, changing one another’s timbre and even creating new sounds
that did not previously exist. This is known as intermodulation. Figure 1.17 shows that a
linear system will pass two sine waves without interference. If there is any nonlinearity,
the two sine waves will intermodulate to produce sum and difference frequencies, which
are easily observed in the otherwise pure spectrum.

1.10 The Sine Wave

As the sine wave is such a useful concept it will be treated here in detail. Figure 1.18
shows a constant speed rotation viewed along the axis so that the motion is circular.
Imagine, however, the view from one side in the plane of the rotation. From a distance,
only a vertical oscillation will be observed and if the position is plotted against time the
resultant waveform will be a sine wave. Geometrically, it is possible to calculate the
height or displacement because it is the radius multiplied by the sine of the phase angle.
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Figure 1.18: A sine wave is one component of a rotation. When a rotation is viewed from
two places at places at right angles, one will see a sine wave and the other will see a cosine
wave. The constant phase shift between sine and cosine is 90° and should not be confused

with the time variant phase angle due to the rotation.

The phase angle is obtained by multiplying the angular velocity w by the time t. Note that
the angular velocity is measured in radians per second, whereas frequency f is measured
in rotations per second or hertz. As a radian is unit distance at unit radius (about 57°),
then there are 27 radians in one rotation. Thus the phase angle at a time t is given by
sinwt or sin2wft.

A second viewer, who is at right angles to the first viewer, will observe the same waveform
but with different timing. The displacement will be given by the radius multiplied by the
cosine of the phase angle. When plotted on the same graph, the two waveforms are phase
shifted with respect to one another. In this case the phase shift is 90° and the two waveforms
are said to be in quadrature. Incidentally, the motions on each side of a steam locomotive
are in quadrature so that it can always get started (the term used is quartering). Note that the
phase angle of a signal is constantly changing with time, whereas the phase shift between
two signals can be constant. It is important that these two are not confused.
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Figure 1.19: The displacement, velocity, and acceleration of a body executing simple

harmonic motion (SHM).

The velocity of a moving component is often more important in audio than the
displacement. The vertical component of velocity is obtained by differentiating the
displacement. As the displacement is a sine wave, the velocity will be a cosine wave whose
amplitude is proportional to frequency. In other words, the displacement and velocity

are in quadrature with the velocity lagging. This is consistent with the velocity reaching

a minimum as the displacement reaches a maximum and vice versa. Figure 1.19 shows
displacement, velocity, and acceleration waveforms of a body executing simple harmonic
motion (SHM). Note that the acceleration and the displacement are always antiphase.
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Figure 1.20: (a) Ohm’s law: the power developed in a resistor is proportional to the
square of the voltage. Consequently, 1 mW in 600 2 requires 0.775V. With a sinusoidal
alternating input (b), the power is a sine-squared function, which can be averaged over one
cycle. A DC voltage that delivers the same power has a value that is the square root of the
mean of the square of the sinusoidal input to be measured and the reference. The Bel is
too large so the decibel (dB) is used in practice. (b) As the dB is defined as a power ratio,
voltage ratios have to be squared. This is conveniently done by doubling the logs so that the

ratio is now multiplied by 20.

1.11 Root Mean Square Measurements

Figure 1.20(a) shows that, according to Ohm’s law, the power dissipated in a resistance

is proportional to the square of the applied voltage. This causes no difficulty with direct
current (DC), but with alternating signals such as audio it is harder to calculate the power.
Consequently, a unit of voltage for alternating signals was devised. Figure 1.20(b) shows
that the average power delivered during a cycle must be proportional to the mean of

the square of the applied voltage. Since power is proportional to the square of applied
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Figure 1.21: (a) For a sine wave the conversion factor from peak to rms is %/5. (b) For a

square wave the peak and rms voltage are the same.

voltage, the same power would be dissipated by a DC voltage whose value was equal
to the square root of the mean of the square of the AC voltage. Thus the volt rms was
specified. An AC signal of a given number of volts rms will dissipate exactly the same
amount of power in a given resistor as the same number of volts DC.

Figure 1.21(a) shows that for a sine wave the rms voltage is obtained by dividing the
peak voltage Vi by the square root of 2. However, for a square wave [Figure 1.21(b)]
the rms voltage and the peak voltage are the same. Most moving coil AC voltmeters only
read correctly on sine waves, whereas many electronic meters incorporate a true rms
calculation.

On an oscilloscope it is often easier to measure the peak-to-peak voltage, which is twice
the peak voltage. The rms voltage cannot be measured directly on an oscilloscope since it
depends on the waveform, although the calculation is simple in the case of a sine wave.

1.12 The Decibel

The first audio signals to be transmitted were on telephone lines. Where the wiring is long
compared to the electrical wavelength (not to be confused with the acoustic wavelength)
of the signal, a transmission line exists in which the distributed series inductance and the
parallel capacitance interact to give the line a characteristic impedance. In telephones this
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turned out to be about 600 2. In transmission lines the best power delivery occurs when
the source and the load impedance are the same; this is the process of matching.

It was often required to measure the power in a telephone system, and 1 mW was chosen
as a suitable unit. Thus the reference against which signals could be compared was the
dissipation of 1 mW in 600 (2. Figure 1.20(a) shows that the dissipation of 1 mW in 6002
will be due to an applied voltage of 0.775V rms. This voltage became the reference
against which all audio levels are compared.

The decibel is a logarithmic measuring system and has its origins in telephony’ where
the loss in a cable is a logarithmic function of the length. Human hearing also has

a logarithmic response with respect to sound pressure level. In order to relate to the
subjective response, audio signal level measurements also have to be logarithmic and so
the decibel was adopted for audio.

Figure 1.22 shows the principle of the logarithm. To give an example, if it is clear that 10?
is 100 and 107 is 1000, then there must be a power between 2 and 3 to which 10 can be
raised to give any value between 100 and 1000. That power is the logarithm to base 10 of
the value, for example, log;, 300 = 2.5 approximately. Note that 10 is 1.

Logarithms were developed by mathematicians before the availability of calculators or
computers to ease calculations such as multiplication, squaring, division, and extracting
roots. The advantage is that, armed with a set of log tables, multiplication can be
performed by adding and division by subtracting. Figure 1.22 shows some examples. It
will be clear that squaring a number is performed by adding two identical logs and the
same result will be obtained by multiplying the log by 2.

The slide rule is an early calculator, which consists of two logarithmically engraved
scales in which the length along the scale is proportional to the log of the engraved
number. By sliding the moving scale, two lengths can be added or subtracted easily and,
as a result, multiplication and division are readily obtained.

The logarithmic unit of measurement in telephones was called the Bel after Alexander
Graham Bell, the inventor. Figure 1.23(a) shows that the Bel was defined as the log of
the power ratio between the power to be measured and some reference power. Clearly the
reference power must have a level of 0 Bels, as log; 1 is 0.
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Figure 1.22: (a) The logarithm of a number is the power to which the base (in this case 10)
must be raised to obtain the number. (b) Multiplication is obtained by adding logs, division
by subtracting. (c) The slide rule has two logarithmic scales whose length can be added or
subtracted easily.
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Figure 1.23: (a) The Bel is the log of the ratio between two powers, that between two
powers, that to be measured, and the reference. The Bel is too large so the decibel is used
in practice. (b) As the decibel is defined as a power ratio, voltage ratios have to be squared.

This is done conveniently by doubling the logs so that the ratio is now multiplied by 20.
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The Bel was found to be an excessively large unit for practical purposes and so it was
divided into 10 decibels, abbreviated dB with a small d and a large B and pronounced
deebee. Consequently, the number of dBs is 10 times the log of the power ratio. A device
such as an amplifier can have a fixed power gain that is independent of signal level and
this can be measured in dBs. However, when measuring the power of a signal, it must

be appreciated that the dB is a ratio and to quote the number of dBs without stating the
reference is about as senseless as describing the height of a mountain as 2000 without
specifying whether this is feet or meters. To show that the reference is 1 mW into 600 {2
the units will be dB(m). In radio engineering, the dB(W) will be found, which is power
relative to 1 W.

Although the dB(m) is defined as a power ratio, level measurements in audio are

often done by measuring the signal voltage using 0.775V as a reference in a circuit
whose impedance is not necessarily 600 2. Figure 1.23(b) shows that as the power is
proportional to the square of the voltage, the power ratio will be obtained by squaring

the voltage ratio. As squaring in logs is performed by doubling, the squared term of the
voltages can be replaced by multiplying the log by a factor of two. To give a result in dBs,
the log of the voltage ratio now has to be multiplied by 20.

While 600 2 matched impedance working is essential for the long distances encountered
with telephones, it is quite inappropriate for analog audio wiring in a studio. The
wavelength of audio in wires at 20kHz is 15km. Studios are built on a smaller scale than
this and clearly analog audio cables are not transmission lines and their characteristic
impedance is not relevant.

In professional analog audio systems, impedance matching is not only unnecessary
but also undesirable. Figure 1.24(a) shows that when impedance matching is required,
the output impedance of a signal source must be raised artificially so that a potential
divider is formed with the load. The actual drive voltage must be twice that needed on
the cable as the potential divider effect wastes 6 dB of signal level and requires
unnecessarily high power supply rail voltages in equipment. A further problem is that
cable capacitance can cause an undesirable HF roll-off in conjunction with the high
source impedance.

In modern professional analog audio equipment, shown in Figure 1.24(b), the source
has the lowest output impedance practicable. This means that any ambient interference
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Zyt =600 Q
v \’;, Additional load
+OGUtdB () Vout Z;,=600 Q ~> causes 3.5 dB
.27 level loss
(a)
Zopt=0Q

<Z Additiona
zVout C) Vout Zin =2-5kQ ::» loads

e ok

Figure 1.24: (a) Traditional impedance matched source wastes half the signal
voltage in the potential divider due to the source impedance and the cable.
(b) Modern practice is to use low-output impedance sources with

high-impedance loads.

is attempting to drive what amounts to a short circuit and can only develop very
small voltages. Furthermore, shunt capacitance in the cable has very little effect. The
destination has a somewhat higher impedance (generally a few k2 to avoid excessive
currents flowing and to allow several loads to be placed across one driver).

In the absence of fixed impedance, it is meaningless to consider power. Consequently, only
signal voltages are measured. The reference remains at 0.775V, but power and impedance
are irrelevant. Voltages measured in this way are expressed in dB(u), the most common unit
of level in modern analog systems. Most installations boost the signals on interface cables
by 4dB. As the gain of receiving devices is reduced by 4 dB, the result is a useful noise
advantage without risking distortion due to the drivers having to produce high voltages.

1.13 Audio Level Metering

There are two main reasons for having level meters in audio equipment: to line up or
adjust the gain of equipment and to assess the amplitude of the program material.
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Line up is often done using a 1-kHz sine wave generated at an agreed level such as
0dB(u). If a receiving device does not display the same level, then its input sensitivity
must be adjusted. Tape recorders and other devices that pass signals through are usually
lined up so that their input and output levels are identical, that is, their insertion loss

is 0dB. Line up is important in large systems because it ensures that inadvertent level
changes do not occur.

In measuring the level of a sine wave for the purposes of line up, the dynamics of the
meter are of no consequence, whereas on program material the dynamics matter a great
deal. The simplest (and least expensive) level meter is essentially an AC voltmeter with
a logarithmic response. As the ear is logarithmic, the deflection of the meter is roughly
proportional to the perceived volume, hence the term volume unit (VU) meter.

In audio, one of the worst sins is to overmodulate a subsequent stage by supplying a
signal of excessive amplitude. The next stage may be an analog tape recorder, a radio
transmitter, or an ADC, none of which respond favorably to such treatment. Real audio
signals are rich in short transients, which pass before the sluggish VU meter responds.
Consequently, the VU meter is also called the virtually useless meter in professional
circles.

Broadcasters developed the peak program meter (PPM), which is also logarithmic,

but which is designed to respond to peaks as quickly as the ear responds to distortion.
Consequently, the attack time of the PPM is carefully specified. If a peak is so short that
the PPM fails to indicate its true level, the resulting overload will also be so brief that
the ear will not hear it. A further feature of the PPM is that the decay time of the meter
is very slow so that any peaks are visible for much longer and the meter is easier to
read because the meter movement is less violent. The original PPM as developed by the
British Broadcasting Corporation was sparsely calibrated, but other users have adopted
the same dynamics and added dB scales.

In broadcasting, the use of level metering and line-up procedures ensures that the level
experienced by the listener does not change significantly from program to program.
Consequently, in a transmission suite, the goal would be to broadcast recordings at a
level identical to that which was determined during production. However, when making
a recording prior to any production process, the goal would be to modulate the recording
as fully as possible without clipping as this would then give the best signal-to-noise ratio.
The level could then be reduced if necessary in the production process.
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Measurement

Don Davis and Eugene Patronis

2.1 Concepts Underlying the Decibel and its Use in Sound
Systems

Most system measurements of level start with a voltage amplitude. Relative level changes
at a given point can be observed on a voltmeter scale when it is realized that

E? P,
10log =L = 101log —L 2.1
gE22 gP 2.1

2

which is only true if both values are measured at an identical point in their circuit. A common
usage has been to remove the exponent from the ratio and apply it to the multiplier.

2 X 1010gﬂ =20 log5 2.2)
E, E,

Bear in mind that the decibel is always and only based on a power ratio. Any other kind
of ratio (i.e., voltage, current, or sound pressure) must first be turned into a power ratio by
squaring and then converted into a power level in decibels.

2.1.1 Converting Voltage Ratios to Power Ratios

Many audio technicians are confused by the fact that doubling the voltage results in

a 6-dB increase while doubling the power only results in a 3-dB increase. Figure 2.1
demonstrates what happens if we simultaneously check both the voltage and the power in
a circuit where we double the voltage. Note that for a doubling of the voltage, the power
increases four times.
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R=10Q 10V

R

(a) Initial voltage

Rs

R,=10Q 20V

R S

(b) Voltage doubled

Figure 2.1: Voltage and power relationships in a circuit.

1010gﬂ = 1010g40—W
P, 10W
= 6.02dB (2.3)

2
lOlogE—1 =20 logzo—V
E3 10V

= 6.02dB 2.4

2.1.2 The dBV

One of the most common errors when using the decibel is to regard it as a voltage ratio
(i.e., so many decibels above or below a reference voltage). To compound the error, the
result is referred to as a “level.” The word “level” is reserved for power; an increase in the
voltage magnitude is properly referred to as “amplification.”

However, the decibel can be legitimately used with a voltage reference. The reference is
1.0 V. When voltage magnitudes are referenced logarithmically, they are called dBV
(i.e., dB above or below 1.0 V). This use is legitimate because all such measurements
are made open circuit and can easily be converted into power levels at any impedance
interface.
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The following definition is from the /EEE Standard Dictionary of Electrical and
Electronics Terms, Second Edition:

2.1.2.1 244.62

Voltage Amplification (1) (general). An increase in signal voltage magnitude in
transmission from one point to another or the process thereof. See also: amplifier. 210 (2)
(transducer). The scalar ratio of the signal output voltage to the signal input voltage.
Warning: By incorrect extension of the term decibel, this ratio is sometimes expressed

in decibels by multiplying its common logarithm by 20. It may be currently expressed

in decilogs. Note: If the input and/or output power consist of more than one component,
such as multifrequency signal or noise, then the particular components used and their
weighting must be specified. See also: Transducer.

2.1.2.2 239.210

Decilog (dg). A division of the logarithmic scale used for measuring the logarithm of the
ratio of two values of any quantity. Note: Its value is such that the number of decilogs

is equal to 10 times the logarithm to the base 10 of the ratio. One decilog therefore
corresponds to a ratio of 10%! (that is 1.25829+).

2.1.3 The Decibel as a Power Ratio

Note that 20 W/10 W and 200 W/100 W both equal 3.01 dB, which means thata 2 to 1
(2:1) power ratio exists but reveals nothing about the actual powers. The human ear hears
the same small difference between 1 and 2 W as it does between 100 and 200 W.

Changing decibels back to a power ratio (exponential form) is the same as for any
logarithm with the addition of a multiplier (Figure 2.2). The arrows in Figure 2.2 indicate
the transposition of quantities. Table 2.1 shows the number of decibels corresponding to
various power ratios.

2.1.4 Finding Other Multipliers

Occasionally in acoustics, we may need multipliers other than 10 or 20. Once the AdB
(the number of dB for a 2:1 ratio change) is known, calculate the multiplier by

log (Base) X AdB

log (Ratio) )

log multiplier =
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10 logig2 = 3.01dB  Logarithmic Form

(w) Exponential Form
2=10 10

Figure 2.2: Conversion of dB from logarithmic form to exponential form.

Table 2.1: Power Ratios in Decibels

Power ratio Decibels (dB)
2 3.01030
3 4.77121
4 6.02060
5 6.98970
6 7.78151
7 8.45098
8 9.03090
9 9.54243
10 10.00000
100 20.00000
1000 30.00000
10,000 40.00000
100,000 50.00000
1,000,000 60.00000

For example, if a 2:1 change is equivalent to 3.01 dB, then

log (Base) X 3.01 _
log 2

log multiplier = 10 (2.6)

or

10log?2 = 3.01.

www.newnespress.com
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If a 2:1 change is equivalent to 6.02dB, then
log (Base) X 6.02 _

log multiplier = log 2 20
or
20log2 = 6.02.
Finally, if a 2:1 change is equivalent to 8 dB, then

log multiplier = % = 26.58
or
26.58 2log = 8.

For any AdB corresponding to a 2:1 ratio change involving logarithms to the base 10, this
may be reduced to

log multiplier = 3.332 X AdB. 2.7

2.1.5 The Decibel as a Power Quantity

We have seen that a number of decibels by themselves are only ratios. Given any
reference (such as 50 W), we can use decibels to find absolute values. A standard
reference for power in audio work is 1073 W (0.001 W) or x V across Z€2. Note that when
a level is expressed as a wattage, it is not necessary to state an impedance, but when it is
stated as a voltage, an impedance is mandatory. This power is called 0dBm. The small
“m” stands for milliwatt (0.001 W) or one-thousandth of a watt.

2.1.6 Example
The power in watts corresponding to +30dBm is calculated as follows:

X
0.001
X

10 log 30

0.001 X 107 = 1 W.



38 Chapter 2

For a power of —12dBm:
0.001 X 10 = 0.00006309 W.

The voltage across 6002 is

E = JWR
= /0.00006309 X 600
= 0.195V.

Note that this —12-dBm power level can appear across any impedance and will always
be the same power level. Voltages will vary to maintain this power level. In constant-
voltage systems the power level varies as the impedance is changed. In constant-
current systems the voltage changes as the impedance varies (i.e., —12dBm across
802 = /0.00006309 X 8 = 0.022 V).

2.2 Measuring Electrical Power

W = Elcos (2.8)
W = 12Z cos9 (2.9)
2
W = E—cosG
Z

where W is the power in watts, E is the electromotive force in rms volts, / is the current in rms
amperes, Z is the magnitude of the impedance in ohms [in audio (AC) circuits Z (impedance) is
used in place of R (AC resistance)], and 0 is the phase difference between E and 7 in degrees.

These equations are only valid for single frequency rms sine wave voltages and currents.

2.2.1 Most Common Technique

1. Measure Z and 6.
2. Measure E across the actual load Z so that

2
W = E—cose.
V4
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2.3 Expressing Power as an Audio Level

The reference power is 0.001 W (1 mW). When expressed as a level, this power is called

0dBm (0dB referenced to 1 mW).

Thus to express a power level we need two powers—first the measured power W; and

second the reference power W,. This can be written as a power change in dB:

EZ)| 1
L A
W, | E3| L

1R

_ | ET || Ry
Rz

This can be written as a power level:

2
101log [% = power change in dB
2

iy
R,

or

20 log % + 101og % = power change in dB.

2 1

2.3.1 Special Circumstance

When R; = R, and only then:

Power level indB = 20 log%
2

where E, is the voltage associated with the reference power.

(2.10)

@2.11)

2.12)

(2.13)
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2.4 Conventional Practice

When calculating power level in dBm, we commonly make E, = 0.775V and R, = 600).
Note that £, may be any voltage and R, any resistance so long as together they represent
0.001W.

2.4.1 Levels in dB

1. The term “level” is always used for a power expressed in decibels.

E} W
2. 10log—L = 10log—-
gE2 gW

2 2
Whean :R2
2><1010gﬂ = 2010gﬂ
E, E,
W,
= 10log —L.
gW

3. Power definitions:
Apparent power = E X I or E¥Z,
The average real or absorbed power is (E%Z)cos#,
The reactive power is (E¥Z)sin0,
Power factor = cos9.
4. The term “gain” or “loss” always means the power gain or power loss at the
system’s output due to the device under test.

2.4.2 Practical Variations of the dBm Equations
When the reference is the audio standard, that is, 0.77459 V and 600 €2, then
E}

£

Ry
Rl

dBlevel to a reference = 101log (2.14)

where E, = 0.77459 ... V, R, = 600(). Then
R

—2 = 1000
Rl
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R

(a) Power across a load in dBm

________

(b) Available input power in dBm

Figure 2.3: Power in dB across a load versus available input power.

and 1/1000 = 0.001. Note that any E, and R, that result in a power of 0.001 W may be
used. We can then write:

E2
Level (indBm) = 101o 1 2.15
( ) g0.001Rl 2.15)
and
dBm
E, = [0.001R, |10 10 ]
2
R, = E )
dBm
0.001[10 10 } (2.16)
See Figure 2.3.

For all of the values in Table 2.2 the only thing known is the voltage. The indication is
not a level. The apparent level can only be true across the actual reference impedance.
Finally, the presence or absence of an attenuator or other sensitivity control is not known.
See Section 2.20 for an explanation of VU.
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Table 2.2: Root Mean Square Voltages Used as Nonstandard References

Voltage (V) Meter indication Apparent level (VU) User
1.950 0 +8 Broadcast
1.230 0 +4 Recording
0.245 0 —10 Home recording
0.138 0 -15 Musical instruments

The power output of Boulder Dam is said to be approximately 3,160,000,000 W.

Expressed in dBm, this output would be

10 log

3.16 X 10°
03

= 125dBm.

2.5 The Decibel in Acoustics—Lp, Ly, and L,

In acoustics, the ratios encountered most commonly are changes in pressure levels. First,
there must be a reference. The older level was 0.0002 dyn/cm?, but this has recently been
changed to 0.00002 N/m? (20 uN/m?). Note that 0.0002 dyn/cm? is exactly the same sound
pressure as 0.00002 N/m?. Even more recently the standards group has named this same
pressure pascals (Pa) and arranged this new unit so that

20pPa =

0.0002 dyn

cm?

This means that if the pressure is measured in pascals,

L, = 20log

xPa
20pPa

If the pressure is measured in dynes per square centimeter (dyn/cm?), then

L, = 20lo

x dyn/cm?

0.0002 dyn/cm?

2.17)

(2.18)

(2.19)
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The root mean square (rms) sound pressure P can be found by

P,. = 2% fApc, (2.20)

where P, is in pascals, fis the frequency in Hertz (Hz), A is particle displacement in
meters (rms value), p is the density of air in kilograms per cubic meter (kg/m?), c is
the velocity of sound in meters per second (m/s), pc = 406 RAYLS and is called the
characteristic acoustic resistance (this value can vary), or

P
L, = 20log —™s— 2.21
P £20Pa (@21

These are identical sound pressure levels bearing different labels. Sound pressure levels were
identified as dB-SPL, and sound power levels were identified as dB-PWL. Currently, Lp is
preferred for sound pressure level and Ly, for sound power level. Sound intensity level is L;:
x W/m?
L, =10log———. (2.22)
! £10" 2 W/m?

At sea level, atmospheric pressure is equal to 2116 1b/ft?. Remember the old physics
laboratory stunt of partially filling an oil can with water, boiling the water, and then
quickly sealing the can and putting it under the cold water faucet to condense the steam
so that the atmospheric pressure would crush the can as the steam condensed, leaving a
partial vacuum?

1Atm = 101,300 Pa
Therefore

101,300

L, = 201
P 2 0.00002
— 194dB.

This represents the complete modulation of atmospheric pressure and would be the
largest possible sinusoid. Note that the sound pressure (SP) is analogous to voltage.
An Lp of 200dB is the pressure generated by 501b of TNT at 10ft. Table 2.3 shows the
equivalents of sound pressure levels.

For additional insights into these basic relationships, the Handbook of Noise
Measurement by Peterson and Gross is thorough, accurate, and readable.
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2.6 Acoustic Intensity Level (L), Acoustic Power Level (L), and

Table 2.3: Equivalents of Pressure Levels

1N/m?
0.00002N/m?
= 93.98dB

L, = 20log

Older values of a similar nature are:

1 microbar = 1/1,000,000 of atmospheric pressure
=74dB

therefore

1Pa = 10dyn/cm?

Other interesting figures:

Atmospheric pressure fully modulated L, = 194dB
11b/ft? Lp = 127.6dB

11b/in% L, = 170.8dB

501b of TNT measured at 10 ft L, = 200dB

12-inch cannon, 12 ft in front of and below muzzle L,

=220+ dB

Courtesy of GenRad Handbook.

Acoustic Pressure Level (Lp)

2.6.1 Acoustic Intensity Level, L,

The acoustic intensity 1, (the acoustic power per unit of area—usually in W/m? or
W/cm?) is found by

xW/m?
L, = 10log —V/m~
1 £ 10 2W/m?

1.0 W/m?
L, = 10log OW/m~
! £10- 12 Wim?

= 120dB.
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2.6.2 Acoustic Power Level, L,

The total acoustic power can also be expressed as a level (Ly):

Total acoustic watts
1072w

Ly = 10log (2.24)

2.6.3 Acoustic Pressure Level, Lp

To identify each of these parameters more clearly, consider a sphere with a radius of
0.282m. (Since the surface area of a sphere equals 4772, this yields a sphere with a
surface area of 1 m2.) An omnidirectional point source radiating one acoustic watt is
placed into the center of this sphere. Thus we have, by definition, an acoustic intensity at
the surface of the sphere of 1 W/m?. From this we can calculate the P,,,:

Prms = \IIOWa X pc (225)

where W, is the total acoustic power in watts and pc equals 406 RAYLS and is called the
characteristic acoustic resistance.

Knowing the acoustic watts, P,,, is easy to find:

P,. = 10W, X 406
= 20.15Pa.
Thus the Lp must be

L = 2010g 20:15P8
i 201Pa
= 120dB.

and the acoustic power level in Ly, must be

I'W
10712 W
= 120dB.

Ly = 10log

Thus the Lp, L;, and Ly, at 0.282 m are the same numerical value if the source is
omnidirectional (see Figure 2.4).
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(a) Sphere and radius (b) Area increases with the square of the radius
A A A A
N* e~ ~—A
(c) Area increases with the square of the (d) Area increases as the radius
radius when both angles diverge increases when only one angle diverges

Figure 2.4: Relationship of spherical surface area to radius.

2.7 Inverse Square Law

If we double the radius of the sphere to 0.564 m, the surface area of the sphere quadruples
because the radius is squared in the area equation (A = 4x7%). Thus our intensity will
drop to one-fourth its former value. (Note, however, that the total acoustic power is still
1 W so the Ly still is 120dB.) Now an intensity change from 1 W to 0.25 W/m? can be
written as a decibel change. The acoustic intensity (i.e., the power per unit of area) has
dropped 6dB in any given area:

0.25 (W/m?)(new measurement)

original reference
at the shorter radius

L, = 10log
(1W/m?)

= —6.02dB.
Therefore our Lp had to also drop 6 dB and would now be approximately 114 dB.
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This effect is commonly called the inverse square law change in level. Gravity, light,
and many other physical effects exhibit this rate of change with varying distance from a
source. Obviously, if you halve the radius, the levels all rise by 6 dB.

2.8 Directivity Factor

Finally, make the point source radiating one acoustic watt a hemispherical radiator instead
of an omnidirectional one. Thus at 0.282m the surface area is now half of what our sphere
had or 0.5m?. Therefore our intensity is now 1 W/0.5m? or the equivalent 2 W/m?:

2
101og 2V/M° _ 3 614B.
1 W/m2

/m
Therefore our Lp is 123.01dB. L, remains 120dB.This 3.01-dB change represents a 2:1
change in the power per unit area; thus, a hemispherical radiator is said to have twice the
directivity factor a spherical radiator has. The directivity factor is identified by a number
of symbols—Dy, Q, RO, \, M, etc. Q is the most widely used in the United States so we
have chosen it for this text. Directivity can also be expressed as a solid angle in steradians
or sr = 4x/Q.

2.9 Ohm’s Law

Recall that the use of the term “decibel” always implies a power ratio. Power itself is
rarely measured as such. The most common quantity measured is voltage. If in measuring
the voltage of a sine wave signal (oscillators are the most reliable and common of the
test-signal sources) you obtain the rms voltage, you can calculate the average power
developed by using Ohm’s law. Figure 2.5 is a reminder of its many basic forms and uses
the following definitions:

W is the average electrical power in watts (W).
1 is the rms electrical current in amperes (A).
R is the electrical resistance in ohms (€2).

E is the electromotive force in rms volts (V).

PF is the power factor (cos 6).
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WO PE) £
i

E? E?
IRorlZ WorW(PF)

Figure 2.5: Ohm’s law nomograph for AC or DC.

2.10 A Decibel is a Decibel is a Decibel

The decibel is always a power ratio; therefore, when dealing with quantities that are not
power ratios, that is, voltage, use the multiplier 20 in place of 10. As we encounter each
reference for the dB, we will indicate the correct multiplier. Table 2.4 lists all the
standard references, and Tables 2.5 through 2.8 contain additional information regarding
reference labels and quantities. The decibel is not a unit of measurement like an inch, a
watt, a liter, or a gram. It is the logarithm of a nondimensional ratio of two power-like
quantities.

For Lp = 20 log (x Pa/0.00002 Pa), use Eq. (2-29).

L, = (20log x Pa + 94)dB (2.26)

2.11 Older References

Much earlier, but valuable, literature used 10~ 13W as a reference. In that case, the Lp
value approximately equals the Ly, value at 0.282 ft from an omnidirectional radiator in
a free field (i.e., the number values are the same but, of course, different quantities are
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Table 2.4: Common Decibel Notations and References

Quantity Standard reference Symbol Log muiltiplier

Sound pressure Water: 1dyn/cm? SPL or 20
Air: 0.0002 dyn/cm? Lp
or 0.00002 N/m?

Sound intensity 107 "%W/cm? 10
107"2W/m?

Sound power 107"2W (new) PWL 10
107" W (old) orl,

Audio power 1073w dBm 10

EMF v dBV 20

Amperes TmA 20

Acceleration 1gRMS 20

Acceleration 1g%/Hz 10

Spectral density

Volume units 1073w VU 10

Distance 1ftorTm AD, 20

Noise-ref —90dBm at 1kHz dBm 10

Quantity

dB = Logarithm Multiplier X log ———————
Standard Reference

being measured). For 1 W using 10~ '2W at 0.283m, Ly, = L, = 120dB. For 1 W using
1071°W at 0.282ft, Ly = L, = 130dB as found with the equation:

Ly = Ly, — 10log (4mr2) (2.27)

where Ly is 10 log the wattage divided by the reference power 10™!3 and r is the distance
in meters from the center of the sound source.

Figure 2.6 requires that you either know the distance from the source or assumes you are
in the steady reverberant sound field of an enclosed space. Lp readings without one of
these is meaningless.

Figure 2.7 shows typical power and Ly, values for various acoustic sources.
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Table 2.5: Preferred Reference Labels for Acoustic

Name Definition

Sound pressure squared level Lp = 20log (p/p,) dB
Vibratory acceleration level L, = 20log (a/a,) dB
Vibratory velocity level L, = 20 log (v/v,) dB
Vibratory force level Lg= 20 log (F/F,) dB
Power level Ly = 10log (P/P,) dB
Intensity level L, =10 log (//1,) dB
Energy density level Lg =10 log (E/E,) dB

Table 2.6: A-Weighted Recommended Descriptor List

Term Symbol
A-weighted sound level Ly
A-weighted sound power level Ly
Maximum A-weighted sound level Lyax
Peak A-weighted sound level Ly
Level exceeded X % of the time L,
Equivalent sound level Leg
Equivalent sound level over time (T) Legiry
Day sound level Ly
Night sound level L,
Day-night sound level Lyy
Yearly day-night sound level Lan(y)
Sound exposure level Lge

Table 2.7: Associated Standard Reference Values

1 atm = 1.013 bar = 1.033 kpa/cm? = 14.701b/in? = 760 mm Hg = 29.92 in Hg

Acceleration of gravity: g = 980.665cm/s? = 32.174ft/s? (standard or accepted value)

Sound level: The common reference level is the audibility threshold at 1000 Hz, i.e., 0.0002 dyn/cm?,
2 X 10 *pbar, 2 X 107°N/m?, 107 1°W/cm?
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Table 2.8: Recommended Descriptor List

Term A weighting Alternative” Other weighting” Unweighted
A weighting

Sound (pressure) level Ly Lo Lg, Lyg Lp

Sound power level Ly Lyg Ly

Maximum sound level Lyax L Amax L max Lomax

Peak sound (pressure) level Lapk Lgpi Loy

Level exceeded x% of the time L, Ly Lgy Lpy

Equivalent sound level Leg L peq Lpeq Lpeg

Equivalent sound level over Legry Laeg(r) Lpeg(r) Lpeg(r

time (T)?

Day sound level Ly Lag Lgy Lpg

Night sound level L, La, Lg, Ly,

Day-night sound level Lyn Lagn Lggn Logy

Yearly day-night sound level Lgn(ry Lagn(ry Lgdn(y) Lodn(v)

Sound exposure level Lg Lgp Lgg L,

Energy average value over Leg(e) Lacq(e) Lpeg(e) Lyeq(e)

(nontime domain) set of

observations

Level exceeded x% of the total Lye) Laxe) Lgy(e) Loxe)

set of (nontime domain)

observations

Average L, value L Lay Lg, Lpy

““Alternative” symbols may be used to assure clarity or consistency.

bOnIy B weighting is shown. Applies also to C, D, and E weighting.

‘The term “pressure” is used only for the unweighted level.

Unless otherwise specified, time is in hours [e.g., the hourly equivalent level is Leg(ny]- Time may be specified in
nonquantitative terms [e.g., could be specified as L, was) to mean the washing cycle noise for a washing machine].

2.12 The Equivalent Level (Lgp) in Noise Measurements

Increasingly, acoustical workers in the noise control field are erecting an interesting
edifice of measurement systems. A number of these measurement systems are based
on the concept of average energy. Suppose, for example, that we have some means of
collecting all of the A-weighted sound energy that arrives at a particular location over a
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At a given distance Decibels .
from the source re: 20 uN/m? Environmental

140

50 hp siren (100 ft) 130

Jet takeoff (200 ft) 120

Riveting machine* 110 Casting shakeout area
Cut-off saw* |
Pneumatic hammer* {00 Electric furnace area

Textile weaving plant* 90 Boiler room
Subway train (20 ft) | Printing press plant

Pneumatic drill (50 ft) 80 Tabulating room
Inside sport car (50 mph)
Freight train (100 ft) |
Vacuum cleaner (10ft) 70
Speech (1 ft) | Near freeway (auto traffic)
60 Large store
Accounting office
| Private business office
50 Light traffic (100 ft)
| Average residence
40 Minimun levels — residential
| Areas in Chicago at night

Large transformer (200 ft)

Soft whisper (5 ft)
30  Studio (speech)

20 Studio (sound recording)

10

| Threshold of hearing
*operator position 0 youths — 1000 to 4000 Hz

Figure 2.6: Typical A-weighted sound levels as measured with a sound level meter.
(Courtesy of GenRad.)

certain period of time such as 90dBA for 3.6 (this could be a series of levels that lasted
seconds, hours, or even days). We can then calculate the decibel level of steady noise for,
say, 1h that would be the equivalent level of the dBA for 3.6s. That is, we wish to find
the energy equivalent level for 1h:

3.6s p2
L., = 101lo —A dt |in decibels 2.28
0 #| 36005 360 { P2 228

where P, is the acoustic pressure, P, is the reference acoustic pressure, and 3600s is the
averaging time interval.



Measurement 53

Power  Power Level
(watts) dBre: 1072w Source

20 to 40 million 195 Saturn rocket

100,000

10,000

1000

100

10

0.1

0.01

0.001

0.0001

0.000 01

0.000 001

0.000 000 1

0.000 000 01

0.000 000 001

170 Ram jet
| Turbojet engine with afterburner
160 Turbojet engine (7000 Ib thrust)

150
4 propeller airliner

140

75-piece orchestra

130 Pipe organ
| Small aircraft engine

120 Large chipping hammer

Piano Peak rms values
110 BBb tuba in 1/8 s intervals

Blaring radio

Centrifugal ventilating fan (13,000 CFM)
100 4-ft loom

Auto on highway

90 Vane axial ventilating fan (1500 CFM)
| Voice—shouting (average long term rms)

80

Peak rms values
in 1/8 s intervals

Voice—conversational level
| (average long-time rms)

30 Voice—very soft wisper

Figure 2.7: Typical power and Ly, values for various acoustic sources.

This integration reduces to

Lgg

Thus 1.0 hour of noise energy at 60 dBA is the equivalent energy exposure of 90dBA

for 3.6s.

10% X 3.65

~ 10log 3600 s
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Lpy (day—night level), CNEL (community noise level), and so on all follow similar
schemes with variation in weightings for differing times of day, etc.

It is of interest that shooting a 0.458 magnum 174.7 Lp (peak) for 2.5 ms translates into

174.7
100 X 0.0025s
Ly = IOIOg[ ]

3600 s

113.12dB

of steady sound for 1h. OSHA allows only 15 min of exposure to levels of 110-115dBA.
As Howard Ruark’s African guide, Harry Selby, remarked after Ruark had accidentally
set off both barrels at once of a 0.470 express rifle while being charged by a Cape buftalo,
“One of you ought to get up.”

2.13 Combining Decibels
2.13.1 Adding Decibel Levels

The sum of two or more levels expressed in dB may be found as follows:

L L Ly
L, = IOIOg[IOIO +1010 + K + 1010 ] (2.29)

If, for example, we have a noisy piece of machinery with an Lp = 90dB and wish to turn

on a second machine with an Lp = 90dB, we need to know the combined Lp. Because both
measured levels are the result of the power being applied to the machine, with some percentage
being converted into acoustic power, we can determine Ly by using Eq. (2-33). Therefore

Ly

101og(10% + 10%)
1010g (10° +107)
101og (2 X 10°)

= 93 dB.

Doubling the acoustic power results in a 3 dB increase.
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An alternative dB addition technique is given through the courtesy of Gary Berner.

~(diff in dB)

L, =10log({10" 1 + 1) + smallest number (2.30)

Example
If we wish to add 90dB to 96 dB, using Eq. (2-33), take the difference in dB (6dB) and
put it in the equation:
L = 101og(10% + 1) +90
= 96.97 dB.

Input signals to a mixing network also combine in this same manner, but the insertion
loss of the network must be subtracted. Two exactly phase-coherent sine wave signals of
equal amplitude will combine to give a level 6 dB higher than either sine wave.

The general case equation for adding sound pressure, voltages, or currents is

E2
1020

E

+2(1020

g \2 E
Combined L, = 2010g\/(102t1>) + {1020](c0s[a1 —a,]). (23D

Table 2.9 shows the effects of adding two equal amplitude signals with different phases
together using Eq. (2-36).

2.13.2 Subtracting Decibels

The difference of two levels expressed in dB may be found as follows:

Total Level _Level with one source off

= 10log|10 10 10 . (2.32)

Ly

2.13.3 Combining Levels of Uncorrelated Noise Signals

When the sound level of a source is measured in the presence of noise, it is necessary
to subtract out the effect of the noise on the reading. First, take a reading of the source
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Table 2.9: Combining Pure Tones of the Same Frequency but Differing

Phase Angles

Signal 1 Signal 1 Signal 2 Signal 2 Combined

amplitude, phase, in amplitude, phase, in signal amplitude,

Lp (dB) degrees Lp (dB) degrees Lp (dB)
90 0 +90 0 96.02
90 0 +90 10 95.99
90 0 +90 20 95.89
90 0 +90 30 95.72
90 0 +90 40 95.48
90 0 +90 50 95.17
90 0 +90 60 94.77
90 0 +90 70 94.29
90 0 +90 80 93.71
90 0 +90 90 93.01
90 0 +90 100 92.18
90 0 +90 110 91.19
90 0 +90 120 90.00
90 0 +90 130 88.54
90 0 +90 140 86.70
90 0 +90 150 84.28
90 0 +90 160 80.81
90 0 +90 170 74.83
90 0 +90 180 —o0

and the noise combined (Lg. ). Then take another reading of the noise alone (the source
having been shut off). The second reading is designated Ly. Then

Lg = 101og|10 10

LS+N

Ly

— 1010

To combine the levels of uncorrelated noise signals we can also use the chart in

Figure 2.8.
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3.0 7 (S

—_
o oOonN
'

and larger levels (dB)

S,
7)
2.0 s My
. [ /@p
> %y
¢ %,
2faden- o o

Numerical difference between total

0 H
3 45 6 7 8 9 10 11 12 13 14

Numerical difference between total
and smaller levels (dB)

Figure 2.8: Chart used for determining the combined level of uncorrelated noise signals.

2.13.4 To Add Levels

Enter the chart with the numerical difference between the two levels being added (top of
chart). Follow the line corresponding to this value to its intersection with the curved line
and then move left to read the numerical difference between the total and larger levels.
Add this value to the larger level to determine the total.

Example

To add 75dB to 80dB, subtract 75dB from 80dB; the difference is 5dB. In Figure 2.8,
the 5-dB line intersects the curved line at 1.2dB on the vertical scale. Thus the total value
is 80dB + 1.2dB, or 81.2dB.

2.13.5 To Subtract Levels

Enter the chart in Figure 2.8 with the numerical difference between the total and larger
levels if this value is less than 3 dB. Enter the chart with the numerical difference
between the total and smaller levels if this value is between 3 and 14 dB. Follow the line
corresponding to this value to its intersection with the curved line and then either left or
down to read the numerical difference between total and larger (smaller) levels. Subtract
this value from the total level to determine the unknown level.



58 Chapter 2

Example

Subtract 81 dB from 90dB; the difference is 9 dB. The 9-dB vertical line intersects the
curved line at 0.6dB on the vertical scale. Thus the unknown level is 90dB — 0.6 dB, or
89.4dB.

2.14 Combining Voltage

To combine voltages, use the following equation:

E; = \JE? + E + 2E,E,[cos(a, — a,)] (2.34)

where Er is the total sound pressure, current, or voltage; E is the sound pressure, current,
or voltage of the first signal; E, is the sound pressure, current, or voltage of the second
signal; a, is the phase angle of signal one; and a, is the phase angle of signal two.

2.15 Using the Log Charts
2.15.1 The 10 Log x Chart

There are two scales on the top of the 10 log;, x chart in Figure 2.9. One is in dB above
and below a 1-W reference level and the other is in dBm (reference 0.001 W). Power
ratios may be read directly from the 1-W dB scale.

Example
How many decibels is a 25:1 power ratio?

1. Look up 25 on the power—watts scale.

2. Read 14 dB directly above the 25.

dBm
60 50 40 30 20 10 0
Decibels above and below a one-watt reference level
30 20 10 0 -10 —20 —30

1000 400 200 100 6040 20 10 6 4 2 1 0604 02 0.1 0.04 0.02 0.01 0.004 0.002 0.001
Power (watts)

Figure 2.9: The 10log x chart.
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Example
We have a 100 W amplifier but plan to use a 12-dB margin for “head room.” How many
watts will our program level be?

1. Above 100W find +50dBm.

2. Subtract 12dB from 50dBm to obtain +38 dBm. Just below +38 dBm find
approximately 6 W.

Example
A 100-W amplifier has 64 dB of gain. What input level in dBm will drive it to full power?

1. Above 100W read +50dBm.
2. +50dBm — 64-dB gain = —14dBm.

Example
A loudspeaker has a sensitivity of Lp = 99dB at 4 ft with a 1-W input. How many watts
are needed to have an Lp of 115 at 4ft?

1. 115Lp—99 Lp = +16dB.
2. At +16 on the 1-W scale read 39.8 W.

2.15.2 The 20 Log x Chart

Refer to the chart in Figure 2.10. A 2:1 voltage, distance, or sound pressure change is
found by locating 2 on the ratio or D scale and looking directly above to 6 dB.

AD (dB)
0 5 10 15 20 25 30 35 40 45 50 55 60
T M 0 | i1
1 2 4 6 8 10 20 40 50 80100 200 400 600 1000
Ratio or D (feet)
AD (dB)
0 -10 -20 -30 -40

10 06 04 0.2 0.1 0.06 0.04 0.02 0.01
Ratio or D (feet)

Figure 2.10: The 20log( x chart.
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Example
A loudspeaker has a sensitivity of Lp = 99dB at 4 ft with 1 W of input power. What will
the level be at 100 ft?

1. Find the relative dB for 4 ft (relative dB = 12dB).
2. Find the relative dB for 100 ft (relative dB = 40dB).
3. Calculate the absolute dB (40dB — 12dB = 28dB).
4. Lp=99dB -28dB = 71dB.
Example
If we raise the voltage from 2 to 10V, how many decibels would we increase the power?
1. Find the relative dB for a ratio of 2 (relative dB = 6dB).
2. Find the relative dB for a ratio of 10 (relative dB = 20dB).
3. Absolute dB change = 20dB - 6dB = 14dB.
4

Because a dB is a dB, the power also changed by 14 dB.

2.16 Finding the Logarithm of a Number to Any Base

In communication theory, the base 2 is used. Occasionally, other bases are chosen. To find
the logarithm of a number to any possible given base, write

x =b" (2.35)

where x is the number for which a logarithm is to be found, b is the base, and n is the
logarithm.

Then write
logx = nlogb (2.36)
and

logx

= 2.37
logb ! @37
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Suppose we want to find the natural logarithm of 2 (written In 2). The base of natural
logarithms is e = 2.7188281828. Then

log2 _ 0.30103
loge  0.43425

0.69315

To verify this result,

009315 = o

To find log 2 of 26,

log26 _ 1.41497
log2 0.30103
= 4.70044

The general case is

log,, of the number

= logy,. Of the number. 2.38
10g10 of the base Ebase f ( )

2.17 Semitone Intervals

Suppose that we need 32 (the semitone interval in music). We could write

g2 _ 10130, (2.39)
12
Therefore
107 =107
— 100‘02508
= 1.05946
= 1\2/5‘

This is the same as multiplying 1.05946 by itself 12 times to obtain 2.

100.02508 1

is called the antilog of 0.02508. The antilog is also written as log™
or 10 exp. All these terms mean exactly the same thing.

, antilog 10,
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Reads twice the

voltage+6 dB
AC
high Z Four times the
meter power+6 dB
l l Twice the
S.P.+6 dB
Noise Power Di Sound
generator| ~ | amplifier Ievtel
meter

Loudspeaker

Figure 2.11: Voltage, electrical power, P,, and sound pressure compared.

2.18 System Gain Changes

Imagine a noise generator driving a power amplifier and a loudspeaker (Figure 2.11). If
the voltage out of the noise generator is raised by 6 dB, what happens?

Voltage Electrical power Lp Ly
Doubled Quadrupled Doubled Quadrupled
+6dB +6dB +6dB +6dB

This means that, in a linear system, a level change ahead of any components results in

a level change for that same signal in all subsequent components, although it might be
measured as quite different voltages or wattages at differing points. The change in level
at any point would be the same. We will work with this concept a little later when we plot
the gains and losses through a total system.

2.19 The VU and the Volume Indicator Instrument

Volts, amperes, and watts can be measured by inserting an appropriate meter into the
circuit. If all audio signals were sine waves, we could insert a dBm meter into the circuit
and get a reading that would correlate with both electrical and acoustical variations.
Unfortunately, audio signals are complex waveforms and their rms value is not 0.707
times peak but can range from as small as 0.04 times peak to as high as 0.99 times

peak (Figure 2.12). To solve this problem, broadcasting and telephone engineers got
together in 1939 and designed a special instrument for measuring speech and music

in communication circuits. They calibrated this new type of instrument in units called
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T Peak
rms

L 360°l P(teak
T pe(;k

Max
neg
’ |

rms = 0.707 X peak voltage
rms = 0.3535 X peak to peak voltage
peak = 1.414 X rms voltage
peak-to-peak = 2.828 X rms voltage

One
<— alteration —>  ~+F-----

1
I
I
|
I
I
|
I
I
|
I
I

R R

1
«— One cycle ———>

Figure 2.12: Sine wave voltage values. The average voltage of a sine wave is zero.

VU. The dBm and the VU are almost identical; the only difference is their usage. The
instrument used to measure VU is called the volume indicator (VI) instrument. (Some
users ignore this and incorrectly call it a VU meter.) Both dBm meters and volume
indicator instruments are specially calibrated voltmeters. Consequently, the VU and dBm
scales on these meters give correct readings only when the measurement is being made
across the impedance for which they are calibrated (usually 150 or 600 (2). Readings
taken across the design impedance are referred to as true levels, whereas readings taken
across other impedances are called apparent levels.

Apparent levels can be useful for relative frequency response measurements, for example.
When the impedance is not 6002, the correction factor of 10 log (600/new impedance)
can be added to the formula containing the reference level as in the following equation:

600

True VU = Apparent VU + 10 log .
Z measured

(2.40)

The result is the true level.

2.19.1 The VU Impedance Correction

When a VI instrument is connected across 600 (2 and is indicating 0 VU on a sine wave
signal, the true level is 4 dB higher, or +4dBm, instead of 0dBm or zero level. The
reason this is so is shown in Figure 2.13. The VI instrument uses a 50-pA D’ Arsonval
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300 Q <> 7500 Q 3900 Q <> 3900 Q 3900 Q > 3900 Q

600 Q 3600 Q |
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,,,,,,,

— )________________

1
1
1
1
1
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1
1
1
1
1
1
|
1
0O)
O *
! Attenuator ' Meter
3900 Q constant impedance

Line [ Load !

Figure 2.13: Volume indicator instrument circuit.

movement in conjunction with a copper-oxide bridge-type rectifier. The impedance of
the instrument and rectifier is 3900 2. To minimize its effect when placed across a

600-(2 line, it is “built out” an additional 3600¢2 to a total value of 7500 (2. The addition
of this build-out resistance causes a 4-dB loss between the circuit being measured and the
instrument. Therefore when a properly installed VI instrument is fed with 0dBm across a
600 line, the meter would actually read —4 VU on its scale. (When the attenuator setting
is added, the total reading is indeed O VU.)

Presently, no major U.S. manufacturer offers for sale a standard volume indicator that
complies with the applicable standard (C16.5). The standard requires that an attenuator

be supplied with the instrument and none of the manufacturers do so. What they are

doing requires some attention. The instruments (usually high-impedance bridge types) are
calibrated so as to act as if the attenuator were present. When the meter reads O VU (on a
sine wave for calibration purposes), the true level is +4dBm. This means a voltage of 1.23V
across 6002 will cause the instrument to read an apparent 0 VU. Note that when reading
sine wave levels, the label used is “dBm.” When measuring program levels, the label used is
“VU.” The VU value is always the instrument indication plus the attenuator value.

Two different types of scales are available for VI meters (Figure 2.14). Scale A is a VU

scale (recording studio use), and scale B is a modulation scale (broadcast use). On complex
waveforms (speech and music), the readings observed and the peak levels present are about
10dB apart. This means that with a mixer amplifier having a sine wave output capability of
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(b) Broadcast monitoring

Figure 2.14: Volume indicator instrument scales.

+18dBm, you are in danger of distortion with any signal indicating more than +8 VU on
the VI instrument (+18 dBm — [+ 10dB] peaking factor or meter lag equals +8 VU).

Figure 2.15 shows an example of commercially available VI instrument panels used in
the past that included the VI instrument and 3900-(2 attenuator, which also contains the
3600-€2 build-out resistor.

2.19.2 How to Read the VU Level on a VI Instrument

A VlIinstrument is used to measure the level of a signal in VU. In calibration:
0OVU = 0dBm and a 1.0-VU increment is identical to a 1.0-dB increment. The true level
reading in VU is found by

True VU level = Apparent level + Impedance correction (2.41)
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Figure 2.15: Examples of commercial-type VI instrument panels.

or

True VU level = Instrument indication + IOlog[@]

act
where, apparent level = instrument indication + attenuator or sensitivity indicator.

Thus we can have the following.
1. A direct reading from the face of the instrument (zero preferred).

2. The reading from the face of the instrument plus the reading from the
attenuator or other sensitivity adjustment—normally a minimum of +4dB or
higher. When the instrument indicates zero, the apparent level is the attenuator
setting.

3. The correction factor for impedance other than the reference impedance. 600¢2 is
the normal impedance chosen for a reference, but any value can be used so long
as the voltage across it results in 0.001 W (Figure 2.16).

Example

We have an indication on the instrument of —4 VU. The sensitivity control is at +4. We
are across 502 (a 100-W amplifier with a 70.7-V output). Using Figure 2.16, our true VU
would be —4 VU + (+4VU) + 10.8 correction factor = 10.8 VU.



Measurement 67

30

IR |

25 N True VU = Instrument indication + attenuator
N setting + 10log (600/Z

™~

acg

20

10 R RN S

dB correction factor

5

N

: N
1 2 5 10 20 50 100 200 500 1K
Circuit impedance (Q)

0

Figure 2.16: Relationship between circuit impedance and dB correction value.

2.19.3 Calibrating a VI Instrument

The instrument should be calibrated to read a true level of zero VU when an input of

a 1000-Hz steady-state sine wave signal of 0dBm (0.001 W) is connected to it. For
example, typical calibration is when the instrument indicates —4, the attenuator value
is +4, and it is connected across a 600 circuit. Levels read on a VI instrument when the
source is the aforementioned sine wave signal should be stated as dBm levels.

2.19.3.1 Reading a VI Instrument on Program Material

Because of the ballistic properties of VI instruments, they exhibit what has been called
“instrument lag.” On short-duration peak levels, they will “lag” by approximately 10dB.
Stated another way, if we read a true VU level of +8 VU on a speech signal, then the
level in dBm becomes +18 dBm. This means that the associated amplification equipment,
when fed a true VU level of +8 VU, must have a steady-state sine wave capability of
+18dBm to avoid overload.

2.19.3.2 Rule

Levels stated in VU are assumed to be program material, and levels stated in dBm are
assumed to be steady-state sine wave.
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2.19.4 Reading Apparent VU Levels

Volume indicator instruments can be used to read apparent or relative levels. If, for
example, you know that overload occurs at some apparent level, you can use that reading
as a satisfactory guide to the system’s operation, even though you do not know the true
level. When adjusting levels using the instrument to read the relative change in level,
such as turning the system down 6 dB, you do not need to do so in true level readings.
Instrument indication serves effectively in such cases.

When being given a level, be sure to ascertain whether it is:

An instrument indication.
An apparent level.

A true level.

A calibration level.

1.

2

3

4. A relative level.
5

6. A program level.
7

None of the above but simply an arbitrary meter reading.
Special Note: Well-designed mixers have instruments that indicate the available input
power level to the device connected to its output. Such levels are true levels.
2.20 Calculating the Number of Decades in a Frequency Span

To find the relationship of the number of decades between the lowest and the highest
frequencies, use the following equations:

HE _ 10! = 1decade (2.42)
L.F.
therefore
H.F.
I F — loxdecade (243)

InH.F. — InL.F.
In 10

= x decades
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or
InHF.— InL.F. = In10 X (xdecades). (2.44)
Further,
HF. = e(xdecades) X (In10)+In L.F. (245)
and
L.F. = ellnH.F.—(xdecadesXIn 10)] (246)
Example

How many decades does the bandpass 500 to 12,500 Hz contain? Using Eq. (2-48),

In12,500 — In 500
In10

= 1.39794 decades.

If we had 12,500Hz as a H.F. limit and wished to know the low frequency that would
give us 1.4 decades, we would calculate:

LF. = e[ln12,5007(1.4decades><ln10)]
= 497.63 Hz.

If we had the L.F. limit and wished to know the H.F., then

HF. = e(l.4decades><1n10)+ln497‘63
= (12,500 Hz).

2.21 Deflection of the Eardrum at Various Sound Levels

If we make the assumption that the eardrum displacement is the same as that of the air
striking it, we can write

D, =3X1077 [10720] (2.47)
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or

D,, =39x1073

{ 0.0002 X 1010 ] (2.48)

where D;, is the displacement in inches (the rms amplitude) of the air, D,,, is the
displacement in centimeters, f is the frequency in hertz, and Lp is the sound level in
decibels referred to 0.00002 N/m?,

Example
What is the displacement of the eardrum in inches for a tone at 1000 Hz at a level of
74dB? Using Eq. (2-51),

m

74
D. =3X 107[10—”]
= 0.0000015 in

which is a displacement of approximately one-one-millionth of an inch (0.000001 in).

2.22 The Phon

Figure 2.17 shows free-field equal-loudness contours for pure tones (observer facing
source), determined by Robinson and Dadson at the National Physical Laboratory,
Teddington, England, in 1956 (ISO/R226-1961). The phon scale is of equal-loudness
level contours. At 1000 Hz every decibel is the equivalent loudness of a phon unit.

For two different sounds within a critical band (for most practical purposes, using 3
octave bands suffices) they are added in the same manner as decibel readings.

Lpi Lp>
P, = 1010g[1010 + 1010]
= phons (2.49)

where Lp; and Lp, are the individual sound levels in dB.



Measurement 71

Loudness
level (phons)
120 ST~

NN TTT— 120 )

N -
100 N O A,

Q NN T 00 pdia
= 80 NN WO AT
3 NN 80 N
< 60 \\\ \\\ N ~—— 70 ,\\V
5 N NN N T 11 60 S—IN
@ 40 \\\\\:\ 50 T~ /T

< AN g H
S NN ~// N/
2 20 AN\ 30 =N
5 NN 20 \_/’/ INA
@D g Min(ijrrg)tljm\ N~ 10 AN

~ L] y
‘a‘u‘ \IH ° '\\:/
1o LA

50 100 300500 1k 3k 5k 10k 20k
Frequency (Hz)

Figure 2.17: Equal loudness contours.

For example, suppose that within the same critical band we have two tones each at 70
phons. Using Eq. (2-53),

P, 1olog(1o% + 10%)

73 phons.

An interesting experiment in this regard is to start with two equal level signals 10 Hz
apart at 1000Hz and gradually separate them in frequency while maintaining their phon
level.

They will increase in apparent loudness as they separate. This is one of the reasons a
distorted system sounds louder than an undistorted system at equal power levels. One
final factor worthy of storage in your own mental “read-only memory” is that in the 1000-
Hz region most listeners judge a change in level of 10dB as twice or half the loudness of
the original tone.

Figure 2.18 is a chart of frequency and dynamic range for various musical instruments
and the upper and lower frequency range of the average young adult.



20k

10k

1/

organ scale

5k

_ 4

tlele[cTolelFlelalelcTole e JelalelcToleleTelalelclolel Fle]afe[clo] e[ lclale]c]o

Ll

concert piano scale Upper limit of

Upper limit of

2k

1k

ordinary piano scale
Frequency in Hz

Upper limit of

500

£z H | T T | e
=23 s B e S -2 FZZ2Z2221 /5] S [T == ==
=5 — LTI | == e
[t L TISFTIVIVE [
Sm [Ty
5% L TRRTTTHTN]
) [T
c Al
-———- - o - - -
<
5 T e
— 2 = 3 g |z
Q (5 © Q o
| o o) a 2o
ol olo|o > 5 Tlola
) m £ al|5lolS |- 0|3 0|28 8
< 2 S| o c L8| c T|>| B8 o
= EEEERG ©|g|g3|2 Elol |5(8|c2
Slol=|5 B o8 3 eI | o g TIo|p D
Als|8|5 | 2| <\l 2| LS| |T|o2E
clnl|® Ol v ~l8gl5|g| |2 Lies
n %b % Cebh o R
N Clals|e 25
Hla|lo|X|® [Tlxe]
c|D|C|la S &
DN | S
0| g 2 o >
m| @ [
ala 5
m|© &
m
P e O e I
mm B e o
=5 T T T T T
(=1 L
=2
O
a0

Audible frequency range.

Figure 2.18

100

60

]l:|R|O‘ENE‘F‘B‘lIS‘tID'E Flﬁm‘& C|DjE

t Lower limit of

40

ordinary piano scale

Lower limit of
organ scale

20

www.newnespress.com

o[e][e]ale]colel¢ [e]alelcTole]¢



Measurement 73

Table 2.10: Tempered Scale

Note Frequency ratio Frequency Hz
C 1.000 262
C#, Db 1.059 277
D 1.122 294
D#, Eb 1.189 311
E 1.260 330
F 1.335 349
F#, Gb 1.414 370
G 1.498 392
G#, Ab 1.587 415
A 1.682 440
A#, Bb 1.782 466
B 1.888 494
C 2.000 523

2.23 The Tempered Scale

The equal tempered musical scale is composed of 12 equally spaced intervals separated
by a factor of 132 . All notes on the musical scale (excluding sharps and flats), however,
are not equally spaced. This is because there are two one-half step intervals on the scale:
that between E and F and that between B and C. The 12 tones, therefore, go as follow: C,
C#, D, D#, E, F, F#, G, G#, A, A#, B, C (see Table 2.10).

2.24 Measuring Distortion

Figure 2.19 illustrates one of the ways of measuring harmonic distortion. Two main
methods are employed. One uses a band rejection filter of narrow bandwidth having a
rejection capability of at least 80dB in the center of the notch. This deep notch “rejects”
the fundamental of the test signal (usually a known-quality sine wave from a test audio
oscillator) and permits reading the noise voltage of everything remaining in the rest of the
bandpass. Unfortunately, this also includes the hum and noise, as well as the harmonic
content of the equipment being tested (see Figure 2.20).



74 Chapter 2

Sound system 1/ Octave
power D wave
amplifier Sound analyzer

Sound level i
system Mmeter i
I
loudspeaker :
Sinewave Graphic level
oscillator re'cordler
Use if available

Figure 2.19: Measurement of harmonic distortion.
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Figure 2.20: Methods of measuring distortion.

The second method is more useful. It uses a tunable wave analyzer. This instrument
allows measurement of the amplitudes of the fundamental and each harmonic, as well

as identifying the hum, the amplitude, and the noise spectrum shape (Figure 2.20). Such
analyzers come in many different bandwidths, with a 1/10 octave unit allowing readings
down to 1% of the fundamental (it is —45dB at 2f). By looking at Figure 2.20, it is easy
to see that harmonic distortion appears as a spurious noise. Today, tracking filter wave
analysis allows nonlinear distortion behavior to be “tracked” or measured.

2.25 The Acoustical Meaning of Harmonic Distortion

The availability of extremely wide-band amplifiers with distortions approaching the
infinitesimal and the gradual engineering of a limited number of loudspeakers with
distortions just under 1% at usable levels (90dB SPL-100dB SPL at 10-12ft) brings up
an interesting question: “How low a distortion is really needed?”
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2.25.1 Calculating the Maximum Allowable Total Harmonic Distortion in an
Arena Sound System

The most difficult parameter to achieve in the typical arena sound system is a sufficient
signal-to-noise ratio (SNR) to ensure acceptable articulation losses for consonants in speech.
It must be at least 25 dB. In that case, the total harmonic distortion should be at least 10dB
below the 25-dB SNR to avoid the addition of the two signals. If both signals were at the
same level, a 3-dB increase in level would occur. Therefore (—25dB) + (—10dB) means
that the total harmonic distortion (THD) should not exceed —35dB.

Percentage = 100 X 10 (2.50)
Therefore we could calculate
100 X 1020 = 1.78%.

This is why carefully thought-out designs for use in heavy-duty commercial sound work
have a THD of 0.8 to 0.9%:

+
20log 100 = x%

= dB change.

Since the 0.8% already represents (100 — 99.2), we can write

2010g 28 = 42 4B,
100

Now, suppose an amplifier has 0.001% distortion. What sort of dynamic range does this
represent?

20 logw = —100
100

That is a power ratio of
100

1070 = 10,000,000,000.

We can conclude that if such a figure were achievable, it would nevertheless not be useful
in arena systems.
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2.26 Playback Systems in Studios

Assume that a monitor loudspeaker can develop L, = 110dB at the mixer’s ears and that
in an exceptionally quiet studio we reach Lp = 18dB at 2000 Hz (NC-20). We then have

Ppyy - LP Total N LP Noise (2'51)
which is equal to 92dB. Adding 10dB to avoid the inadvertent addition of levels gives
102dB. The distortion now becomes

100 X 10 = 0.00078%.

In this case, extraordinary as it is, the previously esoteric figure becomes a useful
parameter.

2.26.1 Choosing an Amplifier

As pointed out earlier, the loudspeaker will establish equilibrium around 1% with its
acoustic distortion. To the builder of systems, this means that extremely low distortion
figures cannot be used within the system as a whole. Therefore systems-oriented amplifier
designers have not attempted to extend the bandpass to extreme limits. They know that
they must balance bandpass, distortion, noise, and hum against stability with all types of
loads, extensions of mean time-before-failure characteristics. Most high-quality sound
reinforcement amplifiers incorporate an output transformer, giving us 70 and 25V and 4,
8, and 162 outputs. In fact, connecting across the 4 and 8 {2 taps yields a 0.69-(2 output.

Example

Let the rms speech value be Lp = 65dB at 2 ft in the 1000- to 2000-Hz octave band
(Figure 2.21). Let the ambient noise level be Lp = 32dB with the air conditioning on and
16dB with the air conditioning off in the same octave band (Figure 2.22). With the air
conditioning on the signal to noise ratio (SNR) is

SNR = 65 dB — 32 dB (2.52)
= 33 dB
and with the air conditioning off

SNR = 65dB — 16 dB
= 49 dB.
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Figure 2.21: Male speech, normal level 2 ft from the microphone.
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Figure 2.22: Ambient noise levels.
For a harmonic to be equal to —33dB, its percentage would be
100 X 107 = 2.24%.
For a harmonic to be equal to —49dB, its percentage would be

100 X 10 = 0.355%.

2.27 Decibels and Percentages

The comparison of data in decibels often needs to be expressed as percentages. The
measurement of THD compares the harmonics with the fundamental. After finding
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out how many dB down each harmonic is compared to the fundamental, sum up all

the harmonics and then compare their sum to the fundamental value. The difference is
expressed as a percentage. The efficiency of a loudspeaker in converting electrical energy
to acoustic energy is also expressed as a percentage. We know that

20 loglo = 20db
20 logloo = 40db
20 loglooo = 60db.

Therefore a signal of —20dB is 1/10 of the fundamental, or 100 X 1/10 = 10%.

A signal of —40dB is 1100 of the fundamental, or 100 X 1/100 = 1%. A signal of
—60dB is 11,000 of the fundamental, or 100 X 1/1000 = 0.1%. We can now turn this
into an equation for finding the percentage when the level difference in decibels is known.
For such ratios as voltage, SPL, and distance:

Percentage = 100 X IO%. (2.53)
For power ratios:
Percentage = 100 X IO%. (2.54)

Occasionally, we are presented with two percentages and need the decibel difference
between them. For example, two loudspeakers of otherwise identical specifications have
differing efficiencies: one is 0.1% efficient and the other is 25% efficient. If the same
wattage is fed to both loudspeakers, what will be the difference in level between them in dB?

Since we are now talking about efficiency, we are talking about power ratios, not voltage
ratios. We know that

10 log;o = 20db
10 log;op = 40db
10 logggo = 60db
and so forth.

A 0.1% efficiency is a power ratio of 1000 to 1, or —30dB. We also know that —3dB is
50% of a signal, so —6dB would be 25%; (—6) — (—30) = 24dB. In other words, there
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would be a 24-dB difference in level between these two loudspeakers when fed by the
same signal. Some consumer market loudspeakers vary this much in efficiency.

2.28 Summary

The decibel is the product of the greatest engineering minds in communications early in
the last century. When it is combined with the work of Oliver Heaviside and others on
impedance at the turn of the 20th century, we are equipped to handle audio levels. The
concepts of dB, Z, and dBm are the tools of the professional as well as their language.
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Acoustic Environment

Don Davis and Eugene Patronis

3.1 The Acoustic Environment

We are concerned about the effect the acoustic environment has on sound. We need to
know the effect of a particular acoustic environment on the unaided talker or musician, on
the sound system, if installed, and on unwanted sounds (noise) that may be present in the
same environment.

An outdoor environment can often be a “free field.” “A sound field is said to be a free
field if it is uniform, free from boundaries, and is undisturbed by other sources of sound.
In practice, it is a field where the effects of the boundaries are negligible over the region
of interest.” (From the GenRad instruction manual for their precision microphones.)

“Free from boundaries” is the catch phrase here. Anyone who has designed a sound
system into a football stadium, a replica of a Greek theater, or a major motor racing
course knows first-hand the primary influence of a boundary.

‘We must also consider:

1. Inverse-square-law level change.
2. Excess attenuation by frequency because of humidity and related factors.

Other factors that can materially affect sound outdoors include:

3. Reflection by and diffraction around solid-objects.

4. Refraction and shadow formation by wind and temperature and wind
variations.

5. Reflection and absorption by the ground surface itself.
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Research in recent years has advanced the knowledge of atmospheric absorption
significantly from the original base laid by Kneser, Knudsen, followed later by Harris,
and, more recently, by the work of Sutherland, Piercy, Bass, and Evans (see Figure 3.1).
This prediction graph is felt to be reliable within +5% for the temperature indicated
(20°C) and 10% over a range of 0 to 40°C.

The June 1977 Journal of the Acoustical Society of America had an exceptional tutorial
paper entitled “Review of Noise Propagation in the Atmosphere,” pages 1403-1418, and
included a 96 reference bibliography.

3.2 Inverse Square Law

The geometrical spreading of sound from a coherent source (inverse square law rate
of level change), which is a change in level of 6 dB for each doubling of distance for a
spherical expansion from a point source, is well known to most sound technicians.

r

L, at measurement point = Ref distance L, + 201log (3.1)

m
where D, is the reference distance and D,,, is the measured distance.

Not as well recognized is the change in level of 3dB per doubling of distance for
cylindrical expansion from an infinite line source. The ambient noise from a motor race
track with the field of cars evenly spread during the early stages of a race can come very
close to being effectively an infinite line source.

L, at measurement point = Ref distance L, + 10log —-

(3.2)
m

Finally, there is the case of the parallel “loss free” propagation from an infinite area

source—the crowd noise viewed from the center of the audience.

Descriptions of the spreading out of sound for coherent sources remain true for
incoherent sources as well. The size of the near field may be more restricted and the
propagation less directional but the general rate of level change remains the same. Note
that this “spreading out” of sound does not constitute absorption or other loss but merely
the reduction of power per unit of area as the distance is increased. Unfortunately, other
processes also are going on.
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Figure 3.2: Absorption of sound for different frequencies and values of relative humidity.

3.3 Atmospheric Absorption

These other processes represent actual dissipation of sound energy. Energy is lost due
to the combined action of the viscosity and heat conduction of the air and relaxation
of behavior in the rotational energy states of the molecules of the air. These losses

are independent of the humidity of the air. Additional losses are due to a relaxation of
behavior in the vibrational states of the oxygen molecules in the air, as this behavior is
strongly dependent on the presence of water molecules in the air (absolute humidity).
Both of these energy loss effects cause increased attenuation with increased frequency
(Figure 3.2).

This frequency-discriminative attenuation is referred to as excess attenuation and must
be added to the level change due to divergence of the sound wave. Total level change is
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Figure 3.3: Excess attenuation for different frequencies and distances from the source.

the sum of inverse-square-law level change and excess attenuation. Figure 3.3 shows the
excess attenuation difference between 1000 and 10,000 Hz at various distances.

3.4 Velocity of Sound

For a given frequency, the relation of the wavelength to the velocity of sound in the
medium is

N
S
c=\f (3.3)
- ¢
F=x

where X is the wavelength in feet or meters, c is the velocity of sound in ft/s or m/s, and f
is the frequency in Hz.

In dealing with many acoustic interactions, the wavelength involved is significant and
the ability to calculate it is important. Therefore we need to be able to both calculate and
measure the velocity of sound quickly and accurately.

The velocity of sound varies with temperature to a degree sufficient to require our
alertness to it. A knowledge of the exact velocity of sound when using signal-delayed
signal analysis allows very precise distance measurements to be made by observing
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the frequency interval between comb filters from two sources and then converting from
frequency to time and finally to distance.

The velocity of sound under conditions likely to be encountered in connection with
architectural acoustic considerations is dependent on three fundamental factors. These are:

1. ~y is the ratio of specific heats and is 1.402 for diatomic molecules (air molecules).
2. Py is the equilibrium gas pressure in Newtons per square meter (1.013 X 10° N/m?).
3. p is the density of air in kilograms per cubic meter (kg/m?).

VP
P

c =

(3.4)

where c is the velocity of sound in m/s.

The density of air varies with temperature, and an examination of the basic equations
reveals that, indeed, temperature variations are the predominant influence on the velocity
of sound in air.

The equation for calculating the density of air is

1.293H
. o 35
sy o 0 00367CC)1(76) >

where density of air is in kg/m?; H is the barometric pressure in centimeters of mercury,
Hg; °C is the temperature in degrees Celsius; 9/5 (°C) + 32 = °F; and 5/9 (°F) —
32 = °C. Hg in inches times 2.54 equals Hg in centimeters.

3.4.1 Example

If we were to measure a temperature of 72°F and a barometric pressure of 29.92 in cm
Hg, we would first calculate the density of the air according to data gathered:

3(72 - 32) = 22.22°C
29.92 in Hg X 2.54 = 76 cm Hg
Density = 1.293(76)

[1+ 0.00367(22.22)](76)
= 1.1955 kg/m3.
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Table 3.1: Typical Sound Velocities in Various Media (at Approximately 15°C)

Velocity

Media m/s ft/s

Air 341 1119
Water (pure) 1440 4724
Water (sea) 1500 4921
Oxygen 317 1040
Ice 3200 10,499
Marble 3800 12,467
Glass (soft) 5000 16,404
Glass (hard) 6000 19,685
Cast iron 3400 11,155
Steel 5050 16,568
Lead 1200 3937
Copper 3500 11,483
Beryllium 8400 27,559
Aluminum 5200 17,060

Having made the metric conversions and obtained the density figure, we can then use the
basic equation for velocity

5

. \/1.402(1.013 X 10%) (3.6)
1.1955

344.67 m/s

Since we started with the dimensions commonly used here in the United States, we then
convert back to them by

344.67;1{X10091{X 1.0 i o Lt _ 1130811t

Is 1 254em 126 s

Typical velocities in other media are shown in Table 3.1.
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3.5 Temperature-Dependent Velocity

The velocity of sound is temperature dependent. The approximate formula for calculating
velocity is

¢ = 49/459.4°F 3.7

where c is the velocity in feet per second (ft/s) and °F is the temperature in degrees
Fahrenheit.

For Celsius temperatures:
¢ = 20.6+273 + °C (3.8)

where c is the velocity in meters per second (m/s) and °C is the temperature in degrees
Celsius.

Therefore at a normal room temperature of 72.5°F, we can calculate:

49/459.4 +72.5 = 1130ft/s.

3.6 The Effect of Altitude on the Velocity of Sound in Air

The theoretical expression for the speed of sound, c, in an ideal gas (air, for example) is

c = /ﬁ (3.9)
p

where c is the velocity in m/s, P is the ambient pressure, p is the gas density, and ~ is the
ratio of the specific heat of the gas at a constant pressure to its heat at constant volume.

Consider the equation

PV = RT (3.10)

where P is the ambient pressure, V is the volume, R is the gas constant, and T is the
absolute temperature.

Considering the definition of density (p), our first equation can be rewritten as

c = % (3.11)

where M is the molecular weight of the gas.
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It can be seen that the velocity is dependent only on the type of gas and the temperature

and is independent of changes in pressure. This is true because both P and p decrease with
increasing altitude and the net effect is that atmospheric pressure has only a very slight
effect on sound velocity. Therefore the speed of sound at the top of a mountain would be the
same as at the bottom of the mountain if the temperature is the same at both locations.

3.7 Typical Wavelengths

Some typical wavelengths for midfrequency octave centers are shown in Table 3.2.

Now suppose the temperature increases 20°F to 92.5°F.
49459 + 92.5 = 1151 ft/s

The table of frequencies and wavelengths is shown in Table 3.3.

Table 3.2: Typical Wavelengths for Midfrequency
Octave Centers

Frequency (Hz) Wavelength (ft)

250 4.52

500 2.26

1000 1.13

2000 0.57

4000 0.28

8000 0.14
16,000 0.07

Table 3.3: Frequencies and Wavelengths

Frequency (Hz) Wavelength (ft)

250 4.60

500 2.30

1000 1.15

2000 0.58

4000 0.29

8000 0.14
16,000 0.07
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Suppose we had “tuned” to the peak of a 1000-Hz standing wave in a room first at 72.5°F
and then later at 92.5°F. The apparent frequency shift would be

st 1000 = 18.58 Hz
1.13

where 1151 is the velocity (ft/s) at the temperature of measurement and 1.13 is the
wavelength at the original temperature.

3.8 Doppler Effect

We have all experienced the Doppler effect—hearing the pitch change from a higher
frequency to a lower frequency as a train whistle or a car horn comes toward a stationary
listener and then recedes into the distance. The frequency heard by the listener due to the
velocity of the source, the listener, or some combination of both is found by

crV,

F =
L c* Vs

F; (3.12)

where F is the frequency heard by the listener (observer in Hz), F is the frequency of
the sound source in Hz, c is the velocity of sound in ft/s, V; is the velocity of the listener
in ft/s, and Vy is the velocity of the sound source in ft/s.

Use minus (-) if Vg in the denominator is coming toward the listener. If the listener, V;, in
the numerator is moving away from the source, use minus (-), and for the listener moving
toward the source, use plus (+).

Example
Assume ¢ = 1130ft/s, V; = 0, V5 = 60 mi/h (approaching listener), and Fg = 1000 Hz

60mti 1K  5280ft _ 88ft
1K 3600h 1 i s

1130 - 0

1130 — 88
1084 Hz.

F=| | 1000
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Warmer

Warmer Cooler

Figure 3.4: Effect of temperature differences between the ground and the air on the

propagation of sound.

As the sound source passes the listener and recedes, the pitch swings from 1084 Hz to

F= 1130701500
1130 — 88
= 928 Hz.

This rapid sweep of 156 Hz is called the Doppler effect. A very large excursion
low-frequency driver can exhibit Doppler distortion of its signal. Moving vanes in
reverberation chambers can produce Doppler effects in the reflected signals that can cause
unexpected difficulties in modern spectrum analyzers.

3.9 Reflection and Refraction

Sound can be reflected by hitting an object larger than one-quarter wavelength of the
sound. When the object is one-quarter wavelength or slightly smaller, it also causes
diffraction of the sound (bending around the object). Refraction occurs when the sound
passes from one medium to another (from air to glass to air, for example, or when

it passes through layers of air having different temperatures). The velocity of sound
increases with increasing temperature. Therefore sound emitted from a source located

on the frozen surface of a large lake on a sunny day will encounter warmer temperatures
as the wave diverges upward, causing the upper part of the wave to travel faster than the
part of the wave near the surface. This causes a lens-like action to occur, which bends the
sound back down toward the surface of the lake (Figure 3.4).

Sound will travel great distances over frozen surfaces on a quiet day. Wind blowing against
a sound source causes temperature gradients near the ground surface that result in the

sound being refracted upward. Wind blowing in the same direction as the sound produces
temperature gradients along the ground surface that tend to refract the sound downward. We
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hear it said, “The wind blew the sound away.” That is not so; it refracted away. Even a 50-
mph wind (and that’s a strong wind) cannot blow away something traveling 1130ft/s:
1130 ft % 3600 s % Im
Is l1h 5280 ft

= 770.455 mi/h

770.45 mi/h is the velocity of sound at sea level at 72.5°F.

Wind velocities that vary with elevation can also cause “bending” of the sound velocity
plus or minus the wind velocity at each elevation.

Reflections from large boundaries, when delayed in time relative to the direct sound, can
be highly destructive of speech intelligibility. It is important to remember, however, that
a reflection within a nondestructive time interval can be extremely useful. Reflections
that are at or near (within 10dB) equal amplitude and that are delayed more than 50 ms
require careful attention on the part of a sound system designer. Figure 3.5 shows how to
calculate probable levels from a reflection. Figure 3.6 shows other influences. Calculation
of the time interval is found by:

@(DR — D)) = Time interval (in ms) (3.13)
c

where c is the velocity of sound in ft/s or m/s, Dy, is the distance in feet or meters traveled
by the reflection, and Dy, is the distance the direct sound traveled in feet or meters.

A large motor speedway used to make very effective use of ground reflections on the coverage
of the grandstands behind the pit area. The very high temperature gradients encountered warp
the sound upward during the hot part of the day and in the cool of the morning, the ground
reflection helps with the coverage of the near seating area. The directional devices are aimed
straight ahead along the ground rather than up at an angle, and when the temperature gradient
“bends” the sound upward, it’s still covering the audience area effectively (Figure 3.4).

One caution about using ground reflections in northern climes is that a heavy snowfall
can provide unbelievable attenuation, as the authors can attest after trying to demonstrate,
years ago, a high-level sound system the day after a blizzard in Minnesota.

3.10 Effect of a Space Heater on Flutter Echo

The velocity of sound increases with an increase in temperature; therefore, the effect of
an increase in temperature with an increase in height is a downward bending of the sound
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Case No. 1
81*
2D, + D,, M|c|rophone
B, g
Image Loudspeaker | 4,‘
source Dy ~~D,,

Influence of surface S; on measured signal at

microphone equals: D,,

Reflected signals relative level = 20lo [—]
9 912D, + D,

Case No. 2 S

"70”7 Dpns §
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Microphone
Loudspeaker Image
source

Y-

-

Influence of surface S; on measured signal at

microphone equals: D,,

Reflected signals relative level = 20lo [—]
9 91D, + 2D,

Where S, is absorptive then the equation becomes:

Reflected signals relative level =

Dp,
20log [m] +10log(1— o)

In the case of substantial transmission loss then
these losses can be added as required.
T.L. = 20log fw - 47 dB

*Assuming S; is nonabsorptive, nondiffuse,
and nonfocusing.

Figure 3.5: Calculating relative levels of reflections.
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f = frequency in Hz
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a=1- 10(*dB/10)

dB=10log (1-a)

Figure 3.6: Absorption, reflection, and transmission of boundary surface areas.

path. This illustrates why feedback modes change as air conditioners, heating, or crowds
dramatically change the temperature of a room (Figure 3.7).

3.11 Absorption

Absorption is the inverse of reflection. When sound strikes a large surface, part of it is
reflected and part of it is absorbed. For a given material, the absorption coefficient (a) is

a=-4 (3.14)

where E, is the absorbed acoustic energy, E; is the total incident acoustic energy (i.e., the
total sound), and (1 — a) is the reflected sound.

This theoretically makes the absorption coefficient some value between 0 and 1. For

a = 0, no sound is absorbed,; it is all reflected. If a material has an a of 0.25, it will absorb
25% of all sound energy having the same frequency as the absorption coefficient rating,
and it will reflect 75% of the sound energy having that frequency.
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Reflective path
heater off

Temperature >

Reflective path
heater on

Figure 3.7: Effect of thermal gradients in a room.

Example

An anechoic room absorbs 99% of the energy received from the sound source. What
percentage of the Lp from the source is reflected? Assume 10 W of total energy output
from the source. Then the chamber absorbs 9.9 W of it.

Box 3.1 Definitions in Acoustics

Sound Energy Density—is the sound per unit volume measured in joules per cubic
meter.

Sound Energy Flux—is the average rate of flow of sound energy through any specified
area. The unit is joules per second (joules per second are called watts).

The Sound Intensity (or sound energy flux density)—in a specified direction at a

point is the sound energy transmitted per second in the specified direction

through unit area normal to this direction at the point. The unit is watts per square
meter.

Sound Pressure—is exerted by sound waves on any surface area. It is measured
in Newtons per square meter (now called pascals). The sound pressure is
proportional to the square root of the sound density.

(Continued)
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Box 3.1 (Continued)

The Sound Pressure Level (in decibels of a sound)—20 times the logarithm to the
base 10 of the ratio of the pressure of this sound to the reference pressure. Unless
otherwise specified, the reference pressure is understood to be 0.00002 N/m? (20
micropascals or 20 uPa).

The Velocity Level (in decibels of a sound)—20 times the logarithm to the base 10
of the ratio of the particle velocity of the sound to the reference particle velocity.
Unless otherwise specified, the reference particle velocity is understood to be

50 X 10~ meters per second (m/s).

The Intensity Level (in decibels of a sound)—10 times the logarithm to the base

10 of the ratio of the intensity of this sound to the reference intensity.

Unless otherwise specified, the reference intensity is 107'? watts per square meter
(W/m?).

10 log 10w
0.1W

= 20dB

Therefore the Lp drops by 20dB also
100 X 10798720 = 10% reflected L.

In other words, 10% of the Lp returns as a reflection. If the sound source had directed an
Lp of a 100-dB signal at the wall of the chamber, a signal of 80dB would be reflected
back. Remembering how dB are combined, we can see that this reflection will not change
the 100-dB reading of the direct sound by a discernible amount on any normal sound
level meter.

The desirability of a reflective surface can be seen when it is realized that the direct sound
and the reflected sound from a single surface can combine to be as much as 3 dB higher
than the direct sound alone. If the loudspeakers are directed to reflect off the ground
during the cool early morning hours, then when the refraction effect of the sun on the
hard surfaces causes the sound to bend upward during the hot part of the day, the sound
bends up into the grandstand area. Most of the time, the reflected sound is assisting the
direct sound, thereby saving audio power.
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3.12 Classifying Sound Fields
3.12.1 Free Fields

A sound field is said to be a free field if it is uniform, free of boundaries, and is
undisturbed by other sources of sound. In practice, it is a field in which the effects of the
boundaries are negligible over the region of interest. The flow of sound energy is in one
direction only. Anechoic chambers and well-above-the-ground outdoors are free fields.
The direct sound level from a sound source in a free field is labeled L.

3.12.2 Diffuse (Reverberant) Fields

A diffuse or reverberant sound field is one in which the time average of the mean square
sound pressure is the same everywhere and the flow of energy in all directions is equally
probable. This requires an enclosed space with essentially no acoustic absorption. The
reverberant sound level is labeled L.

3.12.3 Semireverberant Fields

A semireverberant field is one in which sound energy is both reflected and absorbed.

The flow of energy is in more than one direction. Much of the energy is truly from a
diffused field; however, there are components of the field that have a definable direction
of propagation from the noise source. The semireverberant field is the one encountered in
the majority of architectural acoustic environments. The early reflections, that is, under
50ms after Lp, are labeled Lgp.

3.12.4 Pressure Fields

A pressure field is one in which the instantaneous pressure is uniform everywhere. There
is no direction of propagation. The pressure field exists primarily in cavities, commonly
called couplers, where the maximum dimension of the cavity is less than one-sixth of
the wavelength of the sound. Because of ease of repeatability, this type of measurement
is used by the National Bureau of Standards when they calibrate microphones. At low
frequencies the pressure field can be large, that is, big enough for a listener to sit in.

3.12.5 Ambient Noise Field

The ambient noise field is composed of those sound sources not contributing to the
desired Lj (i.e., active sources). The ambient noise level is labeled Ly,
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3.12.6 Outdoor Acoustics

If, for example, the ambient noise level measured 70 dBA (not an unreasonable reading
outdoors) and the most SPL you could generate at 4 ft was 110dB Lp how far could you
reach before your signal was submerged in noise?

110L, — 70L, = 40dB

2010g% — 40dB
x = 4 X 104020
— 400 ft.

The problem actually is more complicated than this outdoors, but this serves as an
illustration of how to begin.

We have now touched on the most important basics of the acoustics environment outdoors.
Before going indoors, let us apply some of this knowledge to a series of ancient outdoor
problems. A simple rule of thumb dictates that when a change of +10dB occurs, the
higher level will be subjectively judged as approximately twice as loud as the level 10dB
below it. While the computation of loudness is more complex than this, the rule is useful
for midrange sounds. Using such a rule, we could examine a sound source radiating
hemispherically due to the presence of the surface of the earth. Figure 3.8 shows sound in

NOISe
Noise NOIse
‘ -m
) =l
| S S Y [N Y Y [N Y [ [ I N Y [ N S |
D|stance ")
N R
4 8 | |

Arbitrary loudness units

Figure 3.8: Sound in an open field with no wind.
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an open field with no wind. The sound at 1001t is one-half as loud as that at 30 ft, although
the amplitude of the vibration of the air particles is roughly one-third. Similarly, the sound
at 30ft is one-half as loud as the sound at 10 ft. Because the sound is outdoors, atmospheric
effects, ambient noise, and so on cause difficulty for the talker and listener. The ancients
learned to place a back wall behind the talker, and many Native American council sites
were at the foot of a stone cliff so that the talker could address more of the tribe at one
time. Figure 3.9 illustrates how a reflecting structure can double the loudness as compared
to totally open space. The weather and some noise still interfere with listening.

Figure 3.10 illustrates the absorptive effect of an audience on the sound traveling to the
farthest listener. Figure 3.11 shows the right way and the wrong way to arrange a sound
source on a hill. In Figure 3.11(a), the loudness of the sound at the rear of the audience
is enhanced by sloping the seating upward. In addition, the noise from sources on the
ground is reduced. Figure 3.11(b) is a poor way to listen outdoors.

While the Bible doesn’t say which way Jesus addressed the multitudes, we can deduce
from the acoustical clues present in the Bible text that the multitude arranged themselves
above him because:
1. He addressed groups as large as 5000. This required a very favorable position
relative to the audience and a very low ambient noise level.

s

Distance (ft)

I I
16 8

Arbitrary loudness units

J
100

Figure 3.9: Sound from an orchestra enclosure in an open field with no wind.
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Figure 3.10: Sound from an orchestra enclosure with an audience.
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(a) Correct way (b) Wrong way

Figure 3.11: Sound sources and audiences on a hill.

2. Upon departing from such sessions, he could often step into a boat in the lake,
suggesting that he was at the bottom of a hill or mountain.

We can further surmise that the reason Jesus led these multitudes into the countryside was
to avoid the higher noise levels present even in small country villages.
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Sound absorbent
ceiling and walls

16 8
Arbitrary loudness units

Figure 3.12: Means of eliminating noise and weather while preserving outdoor conditions.

The Greeks built their amphitheaters to take advantage of these acoustical facts:

1. They provided a back reflector for the performer.

2. They increased the talker’s acoustic output by building megaphones into
the special face masks they held in front of their faces to portray various
emotions.

3. They sloped the audiences upward and around the talker at an included angle of
approximately 120°, realizing, as many modern designers do not seem to, that
humans do not talk out of the back of their heads.

4. They defocused the reflective “slapback” by changing the radius at the edges of the
seating area.

Because there were no aircraft, cars, motorcycles, air conditioners, and so on, the ambient
noise levels were relatively low, and large audiences were able to enjoy the performances.
They had discovered absorption and used jars partially filled with ashes (as tuned
Helmholtz resonators) to reduce the return echo of the curved stepped seats back to the
performers. It remained only for some unnamed innovative genius to provide walls and

a roof to have the first auditorium, “a place to hear” (Figure 3.12). No enhancement of
sound is provided in Figure 3.12 because there is no reverberation in a room whose walls
are highly sound absorbent.

Sometimes acoustic progress was backward. For example, the Romans, when adopting
Christianity, took over the ancient echo-ridden pagan temples and had to convert the
spoken service into a chanted or sung service pitched to the predominant room modes
of these large, hard structures. Today, churches still often have serious acoustical
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shortcomings and require a very carefully designed sound system in order to allow the
normally spoken word to be understood.

It is also of real interest to note that in large halls and arenas the correct place for the
loudspeaker system is most often where the roof should have gone if the building

had been designed specifically for hearing. A loudspeaker is therefore usually an
electroacoustic replacement for a natural reflecting surface that has not been provided.

3.13 The Acoustic Environment Indoors

The moment we enclose the sound source, we greatly complicate the transmission of its
output. We have considered one extreme when we put the sound source in a well-elevated
position and observed the sound being totally absorbed by the “space” around it. Now, let
us go to the opposite extreme and imagine an enclosed space that is completely reflective.
The sound source would put out sound energy, and none of it would be absorbed. If we
continued to put energy into the enclosure long enough, we could theoretically arrive at a
pressure that would be explosive. Human speech power is quite small. It has been stated
by Harvey Fletcher in his book Speech and Hearing in Communication that it would

take ““...500 people talking continuously for one year to produce enough energy to heat a
cup of tea.” Measured at 39.37 in (3.28 ft), a typical male talker generates 67.2 dB-SPL,
or 34 W of power, and a typical female talker generates 64.2dB-SPL, or 18 uW. From

a shout at this distance (3.28 ft) to a whisper, the dB Lp ranges from 86 to 26 dB, or a
dynamic range of about 60 dB. Not only does the produced sound energy tend to remain
in the enclosure (dying out slowly), but it tends to travel about in the process.

Let us now examine the essential parameters of a typical room to see what does happen.
First, an enclosed space has an internal volume (V), usually measured in cubic feet. Second,
it has a total boundary surface area (§), measured in square feet (floor, ceiling, two side
walls, and two end walls). Next, each of the many individual surface areas has an absorption
coefficient. The average absorption coefficient (a) for all the surfaces together is found by

__ 59 + 50, + -+ 5,0,

(3.15)
s

........

individual absorption coefficients of the individual boundary surface areas, and S is the
total boundary surface area in square feet.
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The reflected energy is 1 — a.

Table 3.4 gives typical absorption coefficients for common materials. These coefficients
are used to calculate the absorption of boundary surfaces (walls, floors, ceilings, etc.).

Table 3.4: Sound Absorption Coefficients of General Building Materials and Furnishings

Materials Coefficient
125Hz | 250Hz | 500 Hz 1kHz 2kHz | 4kHz
Acoustical plaster (“Zonolite”)
Ya-in.-thick trowel application 0.31 0.32 0.52 0.81 0.88 0.84
1-in.-thick trowel application 0.25 0.45 0.78 0.92 0.89 0.87
Acoustile, surface glazed and perforated 0.26 0.57 0.63 0.96 0.44 0.56
structural clay tile, perforate surface
backed with 4-in. glass fiber blanket of 1
Ib/ft? density
Air (Sabins per 1000 ft?) 2.3 7.2
Brick, unglazed 0.03 0.03 0.03 0.04 0.05 0.07
Brick, unglazed, painted 0.01 0.01 0.02 0.02 0.02 0.03
Carpet, heavy
On concrete 0.02 0.06 0.14 0.37 0.60 0.65
On 40-oz hairfelt or foam rubber with 0.08 0.24 0.57 0.69 0.71 0.73
impermeable latex backing
On 40-oz hairfelt or foam rubber
40-oz hairfelt or foam rubber 0.08 0.27 0.39 0.34 0.48 0.63
Concrete block
Coarse 0.36 0.44 0.31 0.29 0.39 0.25
Painted 0.10 0.05 0.06 0.07 0.09 0.08
Fabrics
Light velour, 10 oz/yd?, hung straightin | 0.03 0.04 0.11 0.17 0.24 0.35
contact with wall
Medium velour, 10 oz/yd?, draped to 0.07 0.31 0.49 0.75 0.70 0.60
half area
Heavy velour, 18 oz/s yd? draped to half | 0.14 0.35 0.55 0.72 0.70 0.65
area

(Continued)
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Table 3.4: Continued

Materials Coefficient

125Hz | 250Hz | 500 Hz 1kHz 2kHz | 4kHz

Fiberboards, ¥2-in. normal soft, mounted
against solid backing
Unpainted 0.05 0.10 0.15 0.25 0.30 0.3
Some painted 0.05 0.10 0.10 0.10 0.10 0.15

Fiberboards, %-in. normal soft, mounted
over 1-in. air space

Unpainted 0.30 0.15 0.10
Some painted 0.30 0.15 0.10
Fiberglass insulation blankets
AF100, 1 in., mounting #4 0.07 0.23 0.42 0.77 0.73 0.70
AF100, 2 in., mounting #4 0.19 0.51 0.79 0.92 0.82 0.78
AF530, 1 in., mounting #4 0.09 0.25 0.60 0.81 0.75 0.74
AF530, 2 in., mounting #4 0.20 0.56 0.89 0.93 0.84 0.80
AF530, 4 in., mounting #4 0.39 0.91 0.99 0.98 0.93 0.88
Flexboard, 3/16-in. unperforated cement 0.18 0.11 0.09 0.07 0.03 0.03
asbestos board mounted over 2-in. air space
Floors
Concrete or terrazzo 0.01 0.01 0.015 0.02 0.02 0.02
Linoleum, asphalt, rubber, or cork tile 0.02 0.03 0.03 0.03 0.03 0.02
on concrete
Wood 0.15 0.11 0.10 0.07 0.06 0.07
Wood parquet in asphalt on concrete 0.04 0.04 0.07 0.06 0.06 0.07
Geoacoustic, 13 1/2in. X 13 1/2in., 0.13 0.74 2.35 2.53 2.03 1.73
2-in.-thick cellular glass tile installed
Glass
Large panes of heavy plate glass 0.18 0.06 0.04 0.03 0.02 0.02
Ordinary window glass 0.35 0.25 0.18 0.12 0.07 0.04
Gypsum board, 1/2 in. nailed to 2 in. X 0.29 0.10 0.05 0.04 0.07 0.09
4in., 16 in. o.c.
Hardboard panel, 1/8 in., 1 Ib/ft? with 0.90 0.45 0.25 0.15 0.10 0.10

bituminous roofing felt stuck to back,
mounted over 2-in. air space

Marble or glazed tile 0.01 0.01 0.01 0.01 0.02 0.02

(Continued)
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Table 3.4: Continued
Materials Coefficient
125Hz | 250Hz | 500 Hz 1kHz 2kHz | 4kHz
Masonite, 1/2 in., mounted over 1-in. air 0.12 0.28 0.19 0.18 0.19 0.15
space
Mineral or glass wool blanket, 1 in., 5-15
Ib/ft? density mounted against solid
backing 0.15 0.35 0.70 0.85 0.90 0.90
Covered with 5% perforated hardboard | 0.10 0.35 0.85 0.85 0.35 0.15
Covered with 10% perforated or 20% 0.15 0.30 0.75 0.85 0.75 0.40
slotted hardboard
Mineral or glass wool blanket, 2 in., 5-15
Ib/ft? density mounted over
1-in. air space
Covered with open weave fabric 0.35 0.70 0.90 0.90 0.95 0.90
Covered with 10% perforated or 20% 0.40 0.80 0.90 0.85 0.75
slotted hardboard
Openings
Stage, depending on furnishings 0.25-0.75
Deep balcony, upholstered seats 0.50-1.00
Grills, ventilating 0.15-0.50
Plaster, gypsum or lime
Smooth finish, on tile or brick 0.013 0.015 0.02 0.03 0.04 0.05
Rough finish on lath 0.02 0.03 0.04 0.05 0.04 0.03
Smooth finish on lath 0.02 0.02 0.03 0.04 0.04 0.03
Plywood panels
2 in., glued to 2 % -in. thick plaster wall | 0.05 0.05 0.02
on metal lath
1/4 in., mounted over 3-in. air space, 0.60 0.30 0.10 0.09 0.09 0.09
with 1-in. glassfiber batts right behind
the panel
3/8in. 0.28 0.22 0.17 0.09 0.10 0.11
Rockwool blanket, 2-in. thick batt
(Semi-Thik)
Mounted against solid backing 0.34 0.52 0.94 0.83 0.81 0.69
Mounted over 1-in. air space 0.36 0.62 0.99 0.92 0.92 0.86
Mounted over 2-in. air space 0.31 0.70 0.99 0.98 0.92 0.84

(Continued)
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Table 3.4: Continued

Materials Coefficient

125Hz | 250Hz | 500 Hz 1kHz 2kHz | 4kHz

Rockwool blanket, 2-in.-thick batt
(Semi-Thik), covered with 3/16 in.-thick
perforated cement-asbestos board
(Transite), 11% open area

Mounted against solid backing 0.23 0.53 0.99 0.91 0.62 0.84
Mounted over 1-in. air space 0.39 0.77 0.99 0.83 0.58 0.50
Mounted over 2-in. air space 0.39 0.67 0.99 0.92 0.58 0.48
Rockwall blanket, 4-in.-thick batt
(Full-Thik)
Mounted against solid backing 0.28 0.59 0.88 0.88 0.88 0.72
Mounted over 1-in. air space 0.41 0.81 0.99 0.99 0.92 0.83
Mounted over 2-in. air space 0.52 0.89 0.99 0.98 0.94 0.86

Rockwool blanket, 4-in.-thick batt
(Full-Thik), covered with 3/16-in.-thick
perforated cement-asbestos board
(Transite), 11% open area

Mounted against solid backing 0.50 0.88 0.99 0.75 0.56 0.45
Mounted over 1-in. air space 0.44 0.88 0.99 0.88 0.70 0.30
Mounted over 2-in. air space 0.62 0.89 0.99 0.92 0.70 0.58
Roofing felt, bituminous, two layers, 0.50 0.30 0.20 0.10 0.10 0.10

0.81b/ft?, mounted over 10-in. air space

Spincoustic blanket

1 in., mounted against solid backing 0.13 0.38 0.79 0.92 0.83 0.76
2 in., mounted against solid backing 0.45 0.77 0.99 0.99 0.91 0.78
Spincoustic blanket, 2 in., covered with 0.25 0.80 0.99 0.93 0.72 0.58

316-in. perforated cement-asbestos board
(Transite), 11% open area

Sprayed “Limpet” asbestos

3/4in., 1 coat, unpainted on solid 0.08 0.19 0.70 0.89 0.95 0.85
backing

1in., 1 coat, unpainted on solid backing | 0.30 0.42 0.74 0.96 0.95 0.96
3/4in., 1 coat, unpainted on metal lath 0.41 0.88 0.90 0.88 0.91 0.81

(Continued)
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Table 3.4: Continued

Materials Coefficient
125Hz | 250Hz | 500 Hz 1kHz 2kHz | 4kHz
Transite, 3/16-in. perforated,
cement-asbestos board, 11% open
area
Mounted against solid backing 0.01 0.02 0.02 0.05 0.03 0.08
Mounted over 1 in. air space 0.02 0.05 0.06 0.16 0.19 0.12
Mounted over 2 in. air space 0.02 0.03 0.12 0.27 0.06 0.09
Mounted over 4 in. air space 0.02 0.05 0.17 017 0.11 0.17
Paper-backed board, mounted over 4-in. | 0.34 0.57 0.77 0.79 0.43 0.45
air space
Water surface, as in a swimming pool 0.008 | 0.008 | 0.013 0.015 | 0.02 0.025
Wood paneling, 3/8 in. to 1/2 in. thick, 0.30 0.25 0.20 0.17 0.15 0.10
mounted over 2-in. to 4-in. air space

Table 3.5 gives typical absorption units in sabins rather than percentage figures. Sabins
are either in per-unit figures or in units per length.

Finally, the room will possess a reverberation time, RT§,. This is the time in seconds that
it will take a steady-state sound, once its input power is terminated, to attenuate 60 dB.
For the sake of illustration, assume a room with the following characteristics:

V = 500,000 ft?,

Therefore the RTg is

s = 42,500 ft2,

a = 0.128.

RT, = 0.049v
Sa

4.5 s.
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Table 3.5: Absorption of Seats and Audience”

Materials 125Hz 250Hz 500Hz 1kHz 2kHz 4kHz

Audience, seated, depending on 2.5-4.0 | 3.5-5.0 | 4.0-5.5 | 4.5-6.5 5.0-7.0 4.5-7.0
spacing and upholstery of seats

Seats

Heavily upholstered with fabric 1.5-3.5 | 3.5-4.5 | 4.0-5.0 | 4.0-5.5 3.5-5.5 3.5-4.5

Heavily upholstered with leather, | 2.5-3.5 | 3.0-4.5 | 3.0-4.0 | 2.0-4.0 1.5-4.0 1.0-3.0
plastic, etc.

Lightly upholstered with leather, 1.5-2.0

plastic, etc.

Wood veneer, no upholstery 0.15 0.20 0.25 0.30 0.50 0.50
Wood pews

No cushions, per 18-in. length 0.40

Cushioned, per 18-in. length 1.8-2.3

“Values given are in sabins per person or unit of seating.

3.13.1 The Mean Free Path (MFP)

The mean free path is the average distance between reflections in a space. For our sample
space:

MFP =

o:|<

[500 ooo]

42,500
= 47 ft.

If a sound is generated in the sample space, part of it will travel directly to a listener and
undergo inverse-square-law level change on its way. Some more of it will arrive after
having traveled first to some reflecting surface, and still more will finally arrive having
undergone several successive reflections (each 47 ft apart on the average). Each of these
signals will have had more attenuation at some frequencies than at others because of
divergence, absorption, reflection, refraction, diffraction, etc.

We can look at this situation in a different manner. Each sound made will have traveled
4.5s X 1130ft/s, or 5085 ft. Since the mean free path is 47 ft, then we can assume each
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Figure 3.13: Sound paths in a concert hall.
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Figure 3.14: Time relationship of direct and reflected sounds.

sound underwent approximately 108 reflections in this sample space before becoming
inaudible. The result is a lot different than hearing the sound just once.

3.13.2 Build-Up of the Reverberant Sound Field

Figure 3.13 shows the paths of direct sound and several reflected sound waves in a
concert hall. Reflections also occur from balcony faces, rear wall, niches, and any other
reflecting surfaces. We can obtain a chart such as that shown in Figure 3.14 if we plot

the amplitude of a short-duration signal vertically and the time interval horizontally. This
diagram shows that at listener’s ears, the sound that travels directly from the performer
arrives first, and after a gap, reflections from the walls, ceiling, stage enclosure, and other
reflecting surfaces arrive in rapid succession. The height of a bar suggests the loudness of
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the sound. This kind of diagram is called a reflection pattern. The initial-signal-delay gap
can be measured from it.

Figure 3.14 illustrates the decay of the reverberant field. Here the direct sound enters at
the left of the diagram. The initial-signal-delay gap is followed by a succession of sound
reflections. The reverberation time of the room is defined as the length of time required
for the reverberant sound to decay 60 dB.

We will encounter the effects of delay versus attenuation again when we approach the
calculation of articulation losses of consonants in speech.

Figure 3.15 shows measurements from an analyzer made in both large and small rooms.
Figure 3.16 shows that the sound arriving at the listener has at least three distinct divisions:

1. The direct sound level L,
2. The early reflections level Lgg.
3. The reverberant sound level Lg.

The direct sound, by definition, undergoes no reflections and follows inverse-square-
law level change. The reverberant sound tends to remain at a constant level if the sound

Horizontal : 20.35-9868.43 Hz

(b) Small room without reverberant sound field but
with room modes

Horizontal : 0 msec or O ft

(a) Envelope Time Curve (ETC) of a small room
showing lack of a dense field of reflections
Figure 3.15: Vivid proof that there is a fundamental difference between a small reverberant
space and a large reverberant hall.
(Continued)
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7400 Hz 6058 Hz

Horizontal : 20.35-9869.43 Hz Horizontal : 0.00-1918.86 Hz

(c) Small room without reverberant sound field (d) Large room with reverberant sound field
showing decay side of room modes

Figure 3.15: (Continued).

3

1 Direct field

2 Early field
3 Reverberant field

Figure 3.16: Comparison of direct, early, and reverberant sound fields in an auditorium

(reflection adjusted for purposes of illustration).
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Figure 3.17: Graphic representation of near field, free field, and reverberant field.

source continues to put energy into the room at a reasonably regular rate. This gives rise
to a number of basic sound fields (Figure 3.17):

1. The near field.
2. The far free field.
3. The far reverberant field.

The near field does not behave predictably in terms of Lp versus distance because

the particle velocity is not necessarily in the direction of travel of the wave, and

an appreciable tangential velocity component may exist at any point. This is why
measurements are usually not made closer than twice the largest dimension of the
sound source. In the far free field, the inverse-square-law level change prevails. In
the far reverberant field, or diffuse field, the sound-energy density is very nearly
uniform. Measuring low-frequency loudspeakers is an exception to the rule, and such
measurements are often made in the pressure response zone of the device.

3.14 Conclusion

The study of acoustics for sound system engineers divides into outdoors and indoors with
indoor acoustics again divided into large room acoustics and small room acoustics. Classical
Sabinian acoustics are rapidly being refined where applicable, discarded where misapplied,
and reexamined where the “fine structure of reverberation” is the meaningful parameter.

The digital computer has fueled basic research into the mathematics of enclosed spaces, and
modern analyzers have served to verify or deny the validity of the theories put forward.
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Components

Andrew Singmin

4.1 Building Block Components
4.1.1 Resistors

The humble resistor is by far the most prolific component in use, so it makes a good
starting point. A resistor, as the name implies, serves to provide some form of resistance,
which is measured in ohms. Even the very name resistor already presents an inkling of
what it does. In its very simplest form, as a stand-alone component, a resistor presents a
resistance to the current flow that would normally take place when voltage is applied to a
circuit. A high resistance presents more of an “obstacle,” so the resulting current flow is
relatively small. However, a low resistance allows more current to flow. If a resistor were
connected in series with a current source it would be acting as a current limiter. With
resistors you can carry out a lot of simple experiments that are easy to understand and
explain. For instance, put a resistance in series with a voltage source and a light bulb: as
the resistance goes up, the light dims, and as the resistance goes down, the light brightens.
What could be easier to understand?

If limiting current flow through a circuit were all there is to a resistor’s function, then we
wouldn’t have much of a range of circuits to play with. But human ingenuity being what
it is, we (electronics designers) have a lot more uses for the resistor. What can we do with
two resistors? As you will soon see, the ingenuity or cleverness of the application is tied
into the situation in which the resistor is being put to use.

The sole function of humble light-emitting diodes (LEDs) is usually no more than to
produce light and to serve as a solid-state indicator lamp. Driven from a low-voltage
source, the LED nevertheless has to have a current-limiting resistor inserted in series
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Color band 3
Color band 2
Color band 1

Fixed resistor Potentiometer

Figure 4.1: Fixed resistor and potentiometer.

with the voltage source. Where else do we find the innocent resistor lurking? Operational
amplifiers, or op-amps, have a devastating amount of power packed into a tiny eight-

pin dual-in-line (DIL) package. Gain setting, the most common feature for an op-amp,

is determined by two resistors. Regardless of the sophistication and variety of op-amps
(and there are many), they all have to depend on the lowly resistor to function. A resistor
is like the mortar holding the bricks together that ultimately form a house. Mortar’s not
much to look at or get excited about, but where would bricks be without it?

Split bias voltages are found everywhere in op-amp circuits running off a single battery.
The positive noninverting pin must be biased in order to halve the supply voltage. Two
resistors of equal value placed across the supply voltage and ground nicely provide the
required split voltage.

In a slightly different form, but nevertheless still a resistor, there is the potentiometer,
which is nothing more than a variable resistor. Figure 4.1 shows the two basic resistor
types. All radio receivers, stereo amplifiers, cassette recorders, and other such devices
have volume controls for obvious reasons. Resistors come in a variety of practically
infinite values, from the typically used values of a few ohms to a few megohms. The
LED example uses a current-limiting resistor that can vary from a few hundred ohms to
a few thousand ohms depending on the supply voltage and the LED brightness required.
Gain-setting resistors can range anywhere between a few kohms to a Mohm. Resistors
for the split bias supply typically are 100 kohms in value. Resistors are usually associated
with DC circuits, as we’ve seen, and provide a number of useful functions, but most
commonly they control current.

Other than limiting current, one of the next most common functions of the resistor is to
act as a potential divider circuit. In the simplest case, two equal resistors are placed across
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a simple voltage source (e.g., a 9-volt battery). The resistor midpoint is half the source
voltage, that is, 4.5 volts. This can be checked with a multimeter set to measure DC volts.
Ohm’s law tells us that we can find the current flow in a resistor by dividing the applied
voltage by the resistance. The voltage source for the projects in this book is always a
9-volt battery. For the ease of the arithmetic I just round this up to 10 volts. So if we’ve
got a 10-ohm resistor, the current is just under 1 mA, actually, it is 0.9 mA, as the current
is the ratio of the voltage to the resistance. That quick calculation gives us an idea of what
to expect for our meter reading.

The same multimeter set to the ohms or resistance range can be used to check out resistor
values. There are two precautions if you’re going to do this now. The first is to: keep your
fingers away from the resistor terminals because your body has a finite resistance, more
if your hands are sweaty and less if they’re dry. What you’re doing when you touch the
resistor terminals is adding your body resistance to that of the resistor you’re trying to
measure. The other precaution is to zero the resistance meter first. Do this by shorting the
meter terminals and adjusting the “zero knob” until the meter reads zero. You need only
do this with the analog type of multimeter.

The value of a particular resistance is marked on the component body, typically with
a three-color band code. A fourth band represents the tolerance, but for the sake of
simplicity you may ignore this if you just want to read off the resistor value (which is
generally the case). As you almost certainly will want to be able to read resistor color
codes, here they are:

Color band Equivalent number code

Black 0

_

Brown
Red

Orange

Yellow

Green

Blue

Violet

Gray
White

O (N |||
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Often people will make up their own jingle to remember the color codes—you know,
something that has meaning for you, such as Bye Bye Reba Off You Go Be Valiant Go
Well. You get the idea.

The next most common format for resistors, and one that you’ll come across very

often in the circuit projects, is the variable resistor or, as it is more usually called, the
potentiometer. Relatively speaking, the potentiometer is a much larger device than the
resistor; it is more mechanical as opposed to electrical, and it is a three-terminal device.
A rotating shaft coupled internally to a movable wiper track follows an arc-shaped path
over a track of resistive material. The movable wiper terminal is brought out to a fixed
electrical connection point. Further, two fixed terminals are connected electrically to the
other two ends of the resistive track. As you can probably tell, the resistance measured
across the wiper terminal and either of the other ends will vary continuously as the
shaft is rotated. The maximum resistance value will be the value marked on the device;
typically, values of 1, 10, and 100 kohms are used.

Resistor values will typically run from 1 ohm to 1 Mohm. I find that with most circuit
applications you can get away with using just a few “good” resistor values. My own
personal preference is 10 ohms, 100 ohms, 470 ohms, 1 kohm, 2.7 kohms, 4.7 kohms,

10 kohms, 27 kohms, 47 kohms, 100 kohms, 470 kohms, and 1 Mohm. If I had to choose
the four most useful values, these values can be further distilled down to 100 ohms, 1
kohm, 10 kohms, and 100 kohms. Look at the circuits later in the book and see how often
these values turn up. Intermediate values can be built up by juggling a handful of basic
values and learning a bit of “resistor math.” Two resistors of equal value connected in
parallel produce half the resistor value. So two 1-kohm resistors produce 500 ohms, and
two 10-kohm resistors give you 5 kohms. So if a circuit called for a 5.5-kohm resistor and
it’s late at night and you desperately need that last component to finish, join two

1-kohm resistors connected in parallel to two 10-kohm resistors connected in parallel, and
you’ve got what you need. A useful trick indeed.

The more general rule to follow when the resistors are not equal in value is that for two
resistors of unequal value connected in parallel, the total value is the product divided by
the sum of the two values. For example, a 1- and a 10-kohm resistor connected in parallel
will yield the product 10 X 1 = 1, divided by the sum of the resistor values, 10 + 1 = 11,
yields 10 X 11 = 0.9 kohm. Another useful trick to remember when connecting two
resistors in parallel is that the total is always less than the smaller of the two values. In the
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example given earlier, 0.9 kohm is less then 1 kohm (the smaller). For more than two
resistors connected in parallel (you can use as many resistors as you want), the rule is

1/total resistance = 1/resistorl + 1/resistor2 + 1/resistor3.

Here’s another example. A 1-, 2-, and 3-ohm resistor are connected in parallel. The result is

1/total resistance = 1/1 +1/2 +1/3 = 1+ 0.5 + 0.33 = 1.833 ohms.

To check our math, since 1/total resistance is 1.833, the total resistance is

1/1.833 = 0.545 ohm, and this value is less than the smallest value (1 ohm). However,
adding two or more resistors in series (end to end) merely gives you the sum of all the
individual resistor values. A 1-kohm resistor and a 100-kohm resistor connected in series
thus yield 101 kohms. So by combining resistors in series and parallel you could make up
almost any value you want. Figure 4.2 shows the series, parallel combination. However,
it’s much easier to go out and buy a resistor with the value you want (and that one resistor
will take up less space).

Apart from the actual resistance value, there is a second parameter associated with
resistors, the tolerance rating, and it is designated by an extra color band. The most
commonly specified tolerance is 5% (a gold band), followed by 10% tolerance (indicated
with a silver band). In case you encounter them, there are also resistors with no color
band that are equal to 20% tolerance, but it is inadvisable to use them because they tend
not to be accurate. The tolerance percentage refers to the spread of values on either side

100hm Z M
200ohm
100hm
100hm Z M
50hm

100hm

Figure 4.2: Resistors in series and resistors in parallel.
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of the nominally marked value (the three color bands) that the resistor is allowed to

read and still remain within specification. This tolerance designation gives the resistor
manufacturer greater latitude in offering resistors with a nominal value than would be
otherwise possible. From the user’s point of view (you and me), this means a 100-kohm
resistor might not exactly read that value when measured, but it is perfectly acceptable
from the manufacturer’s point of view. For example, if you have a 5% 100-kohm resistor
and you measure the actual resistance, it could lie anywhere between

100 kohms + 5percent = 100 kohms + 5 kohms = 105 kohms, or
100 kohms — 5 percent = 100 kohms — 5 kohms = 95 kohms.

If this were a 20% 100-kohm resistor, then the limits would run from 120 to 80 kohms,
which is an extraordinarily wide variation. All the projects described later in the book use
5% tolerance resistors.

The third parameter associated with resistors is their power rating. The value typically
used is 1/4 watt, which is also the wattage specified for the project circuits in this book.
The power rating of a resistor refers to its ability to dissipate power, which in turn
translates to its ability to dissipate heat. The more current you pass through a resistor, the
hotter it gets, and the resistor power rating must be sufficient to stand up to the dissipated
power. Larger resistors go up tol/2 W and more. It’s a waste to use these for the projects
in this book because these resistors take up more space, cost more, and are unnecessary.
However, for the sake of demonstrating the calculations involved, I’ll describe what
happens to the power rating when we join resistors in series or parallel. In the simple case
of two 100-ohm 1/4 watt resistors joined in series, the total resistance is 200 ohms, and
the power rating is still 1/4 watt. However, when these resistors are joined in parallel, the
resistance drops to 50 ohms, and the power rating increases to1/2 watt—a nice technique
to remember if you want to increase your power rating. Let’s say you wanted a 10-ohm
1-watt resistor and the shops are closed. This is quite a large beast. You’ve got a bunch
of common 100-ohm 1/4-watt resistors. Take 10 of these 100-ohm resistors and connect
them in parallel. The total resistance is now 10 ohms (one-tenth of the individual values),
and the power is increased to 10 1/4 = 1.25 watt. This is another good trick to remember.

4.1.2 Capacitors

Capacitors, like resistors, are two-terminal devices and are distinctive in terms of their
ability to block DC signals and pass AC signals. For example, a DC signal, that is,
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voltage from a battery, cannot be passed through a capacitor, but an AC signal, say it’s
coming from transistor radio’s earpiece socket, will pass through a capacitor. A resistor,
by comparison, will pass both AC and DC signals by the same amount.

In practical circuit situations there are many instances in which the AC signal has to be
passed but the DC component needs to be blocked. One such instance is when a power
amplifier’s signal is fed to a speaker. You’ll always see a capacitor feeding the signal to
the speaker. Another area in which you’ll always notice the presence of capacitors is at the
input and output of AC amplifiers. Capacitors are measured in units of farads, but because
these are very large units, the much smaller units of pico-, nano-, and microfarads are
most often used. A picofarad is 107 '2 farads, a nanofarad is 10~° farads, and a microfarad
is 107° farads. The conversion between the units is such that 1 pF equals 107° pF.

Remember the simple LED circuit we discussed, the one with the resistor acting as the
current limiting device? If the resistor were replaced by a capacitor, the LED would not
function because no DC current would be allowed to pass through. Capacitors have a
property that is equivalent to DC resistance; they have AC resistance or reactance. The
capacitor’s reactance is calculated in ohms (like that of the resistor), and it is a function
of the frequency of the signal under consideration. The capacitive reactance is inversely
proportional to frequency; that is, as the frequency increases, the reactance decreases.

Capacitors can be broken into two basic categories based on their physical structure: the
simple nonpolarized type, which is also small in size and small in electrical value (i.e.,
capacitance), and the larger polarized type, with higher associated capacitance values.
Figure 4.3 shows the two basic types. Figure 4.4 shows the series, parallel combinations.
Figure 4.5 shows the axial, radial types.

0.1uF disc 100 uF electrolytic
ceramic capacitor capacitor

Figure 4.3: Disc and electrolytic capacitors.
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0.05uF
0.1uF 0.1uF Z

0.2uF
0.1uF 0.1uF Z

Figure 4.4: Capacitors in series and capacitors in parallel.

Axial lead Radial lead
capacitor: leads capacitor: leads
emerging from emerging from the
both ends same end

Figure 4.5: Axial and radial capacitor types.

Capacitors such as the electrolytic capacitor are polarity sensitive, which means that they
have to be connected in a certain way in the circuit. The electrolytic capacitor is a polarized
component, and markings on the body of this capacitor indicate the appropriate negative
and positive terminals. As a general rule, capacitors above and including 1pF in value are
usually polarized. Capacitance values for the components with larger values are marked

on the component’s body, as there is sufficient space to print out the value in full; that is,

1 puF will actually be printed on the body of the capacitor. The values of capacitors with
smaller values are represented with a unique numbering code. The system is similar to the
color coding used for resistors, except numbers are used instead of colors. There are three
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numbers to represent capacitance. It’s much easier to understand the system by way of an
example. Let’s look at the code 104. This is a capacitance value expressed in picofarads.
The first and second numbers relate to the actual first two digits of capacitance. The final
number indicates the number of zeros following. So 104 is 100,000 picofarads. Because this
number is a bit unwieldy, multiply it by 107 to convert to uF, which works out to 0.1 pF, a
much more convenient number to work with. This is a very common capacitor value.

Variable capacitors do exist, but they are used less frequently than variable resistors. But
variable capacitors are still two-terminal devices. Why? Variable capacitors operate on
the principle of varying the overlap between two metal plates, separated by either air or
an insulator—the greater the overlap, the greater the capacitance. So you see, just two
terminals are needed. There are no variable capacitors used in the projects in this book.

Radial lead capacitors have leads emerging from one side of the body, and if you don’t
have any height restrictions in your project case, this is the type I recommend you use.
Axial lead capacitors, however, have leads emerging one from each end of the body of
the component. They take up an awful lot of board space and are used only when the
assembly board profile has to be as low as possible, but this is hardly a requirement for
simple single-IC hobby projects. (An example of a requirement where you would need a
very low profile would be for a pager. Pagers are thin as we know and therefore need an
assembly board with a low profile.)

Like resistors, capacitors can also be connected in series and in parallel to form different
values. However, the rules are different from those for resistors. To increase a capacitor
value, we connect two together in parallel. So two 0.1-uF capacitors connected in parallel
give us 0.2 puF. Three capacitors of 0.1 uF value each connected in parallel give us 0.3 pF,
and so on. If the capacitors were to be connected in series, then

1/total capacitance = 1/capacitance 1 + 1/capacitance 2, and so on.

For example, two 0.1-pF capacitors connected in series result in a 0.05-pF capacitor, since

1/total capacitance = 1/0.1pF + 1/0.1uF = 10 + 10 = 20.

Hence the capacitance is 1/20 = 0.05 uF. Sometimes for timing applications in an
oscillator circuit, you might want to change the output frequency a little, and this is one
way of obtaining a 0.05- or 0.2-pF capacitor if you don’t have one handy (and it’s too late
to run out to your local component store).
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For AC applications, an approximate counterpart to the resistor is the capacitor. Again,
a seemingly innocent two-terminal device, the capacitor appears lowly in form, but it is
critically needed, like the resistor. Consider any amplifier circuit as an example.

Returning to the AC amplifier example, there is always a capacitor coupling the signal in
and coupling the signal out. That’s the way to recognize an AC amplifier by the presence
of the capacitor at the input and the output. For simple preamplifiers, the coupling
capacitors, as they’re called, could be around 0.1 pF in value. If we assume the signal to
be in the audio frequency range, say 10kHz, then the capacitive reactance works out to
be 159 ohms. This is very low and practically a short circuit. As the capacitive reactance
scales inversely with the capacitance, doubling the capacitor to 0.2 uF will reduce the
capacitive reactance by half to 79.5 ohms. In our example of the split supply with the
resistor we saw that two resistors of equal value gave us the split voltage. Generally in
an actual working circuit, you will see a capacitor placed across the lower resistor, that
is, the one connected to ground. This is typically a capacity with a large value (100 uF),
which is really a short circuit at the audio frequencies we are working with. Another very
common way of connecting a capacitor is directly across the supply line, that is, between
the plus and the minus voltage rail. With a battery supply this is not so critical, but if
you’re using a low-voltage line adapter, using a large value smoothing capacitor (several
1000 wF in value) will aid in producing a smoother supply source.

4.1.3 Diodes

Diodes are two-terminal devices that have a feature that is totally distinct from the
features of resistors or capacitors. They are distinctly polarity sensitive. When DC voltage
is applied to a diode, a high current will flow in one direction, but reversing the voltage
will, to all intents and purposes, cause no current to flow. Put another way, when the diode
is configured in what is called the forward-biased mode, the diode will conduct current.
Reverse the bias to the reverse-biased mode and no current will flow. This is defined as a
rectifying action. AC voltage, say originating from the line voltage, can be immediately
converted into a DC voltage of sorts by feeding it through a diode. The diode essentially
passes on only half of the positive and negative going waveform. Electronic circuits are
invariably powered with the positive voltage supplying the power rail (Figure 4.6).

To test this out, connect up a resistor, say 100 kohms, across a 9-volt battery with a
current meter inserted between the positive battery terminal and one resistor terminal.
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Figure 4.6: Diode symbol and bias conditions.

Make sure the current meter’s positive terminal goes to the battery’s positive terminal.
The current will be just under a tenth of a milliamp. The actual current value doesn’t
matter. If the meter’s needle kicks against the end stop, reverse the meter polarity
(assuming you’ve got an analog multimeter); a digital multimeter will automatically
compensate whatever polarity is present. When using a digital multimeter to measure DC
voltage, there is no need to worry if you get the test leads reversed. The multimeter will
still show the correct voltage; there’s just a negative sign in front of the numeral. That
tells you that the multimeter red test lead, for example, has been connected to the negative
voltage potential. There is no damage done to the digital multimeter. If you now take

the feed of the positive battery terminal via a diode (it doesn’t matter at this stage which
way round it goes), one of two things will happen. Either the current will be the same as
before or the current will be zero. Whatever it is, take note of it. Then reverse the diode
polarity; just reverse the diode’s connection in the circuit. An effect opposite to the one
you first observed will now take place. You’re seeing the rectifying action of the diode.

One really useful function for the diode is as a protective device. Electronic circuits are
invariably powered with the positive voltage supplying the power rail. If the voltage is
inadvertently reversed, there is a high probability that the components will suffer some
damage. Placing a diode (this would be a power type called a rectifier) in series with the
positive supply voltage would do the trick. When the polarity is correct, insert the diode
in such a way that current starts to flow (trial and error is the quickest way to learn which
way to attach the diode if you’re not sure about the markings). Now if the voltage polarity
should be reversed, no current will flow, thus providing the protection. Try it and see.
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4.1.4 Transistors

Transistors are totally different from resistors, capacitors, and diodes. The latter are what
are termed passive components, performing a singular function as we’ve seen, useful
certainly, but not active in the electronic sense. A transistor is a truly active device. It can
take a signal and amplify it. A number of support components are needed to make the
transistor into a working amplifier—you guessed it, using a few resistors and capacitors
again. Depending on the designer’s talent, transistors can be configured into an endless
string of circuits, amplifiers, oscillators, filters, alarms, receivers, transmitters, and so on.
The versatility of transistors knows no bounds.

Although I do not include transistor-based circuits in this book—the reason being that
integrated circuit projects are so much more well behaved and therefore simpler to
design—I do provide a brief overview on transistors, as integrated circuits are really just
a huge collection of transistor-based circuits. Transistors are three-terminal devices; the
terminals are known as the emitter, the base, and the collector. Figure 4.7 shows transistor
details. Transistors come in two “flavors” so to speak: the more common NPN type
operates with a positive supply voltage, and hence, it is very compatible with integrated
circuits, which almost always run on a positive supply. The less common transistor type
is the PNP device, which, as you might have guessed, requires a negative supply voltage
(not so commonly found in circuits).

Transistors are defined as active devices because they have the capability, given the
appropriate support components, to perform useful functions; the most common of these
is amplification, but the other is oscillation. A simple, common emitter amplifier can

+ _
Collector Collector
PNP
Base NPN. Base transistor
transistor
Emitter Emitter
- +

Figure 4.7: Transistor terminals.
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be designed around four resistors and a capacitor as well as the usual input and output
coupling capacitors. However, there are two main reasons to use the integrated circuit
(IC). The amplifier’s performance is influenced by the transistor’s parameters, not so
with the IC. Coupling the transistor amplifier into a following stage requires careful
consideration of the loading effect. An IC-based amplifier just gets coupled into the next.
The IC amplifier is such an effortless pleasure to use. The input, output, and gain are so
nicely controlled. You would have had to have labored through the transistor’s design
quirks to really appreciate how much more controlled the IC is.

Transistors come in a huge variety of types, from general-purpose, small signal (the most
common) to large power devices. The frequency range of operation can extend from DC
to audio all the way up into the microwave range. Transistors are not as easy to evaluate
as ICs. Put together a few resistors and capacitors around an IC and you’ll soon know

if the circuit is working (and it usually is), as you don’t have to even wonder if the IC
itself is working. However, try the same with a transistor, and you’ll find that determining
whether or not the circuit is working is a lot harder. Was the transistor the right type? Was
the bias network correct? Is the circuit design right? If the transistor circuit doesn’t work,
you’ll always wonder whether the transistor itself is okay for the application. Isn’t it great
to know that in the majority of cases, you need only ask for one IC (the LM 741 as it
turns out) when working with ICs. Enough said about transistors. They have their uses in
specific applications, but you’ve got to be a bit more circuit smart.

4.1.5 Other Components

4.1.5.1 Integrated Circuits

The integrated circuit is an amazingly robust bullet-proof device, by which I mean that
you can put practically any design around the IC and know that it is going to behave
itself—okay, behave itself within reason, but ICs are brilliantly transparent compared

to transistors. A small handful of resistors and capacitors and, hey, presto, we’ve got a
well-behaved amplifier. The transistor could never match that! I know the comparison is
a little unfair, especially because the IC itself is composed of a very carefully designed
collection of transistor-based circuits, but we’re talking user-friendliness here. I recall the
difficulty I experienced way back in the mid-1960s getting a simple half-watt transistor
power amplifier to function properly. The component count was high, special parts were
difficult to come by, setup was tricky, and current consumption was high. Now we’ve got
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the LM 386 audio power amplifier on a chip! It’s actually been around for a considerable
number of years, but it is still very widely used. One IC and two capacitors and you’re

in business—wow! The current consumption is pretty good, too. The LM 386 IC is an
example of a special function IC that is designed to deliver (which it does admirably) just
one unique function. The unique one function for the LM 386 IC is as an audio power
amplifier. It’s hard to believe that a small eight-pin plastic part, a little bigger than one

of the buttons on your TV remote, packs such a technological punch. This particular IC
runs nicely off a regular 9-volt battery—there are no weird dual supplies to worry about.
Many of other higher power ICs require dual supplies, or voltages of 12 volts and higher
(a 12-volt battery that you can’t buy off the shelf and that would fit in a project case), and
consume masses of current.

Integrated circuits fall into two broad categories: analog and digital. They are very easily
recognized in terms of their functionality and also in terms of the way they’re depicted
in circuit schematics. Analog ICs process mostly AC signals, but they also process DC
signals. The absence of a coupling capacitor at the input would signify that this is a DC
amplifier we’re looking at. A DC amplifier has to be capable of amplifying DC signals
as well as AC signals. Analog signals, such as audio signals, require coupling capacitors
at the input and output because only AC signals are allowed to be coupled through

the amplifier. The presence of coupling capacitors removes the DC components. The
schematic is also drawn in the form of a sideways triangle representing the IC. Input goes
into the wide end on the left and exits as an output from the pointed end on the right. In
essence, all analog IC blocks resemble this basic form. Typical examples of analog ICs
are the LM 741 general-purpose op-amp in an 8-pin DIL package and the LM 324 quad
op-amp package in a 14-pin DIL package. When space is at a premium, the LM 324 is

a superb device; it is especially suited for audio applications and occupies far less board
space than do four separate LM 741s. Analog ICs, incidentally, are also called linear
ICs. Digital ICs only use two voltage states, a logic high (1) and a logic low (0). There
are no capacitors in the signal coupling lines, and the schematics are generally drawn in
the shape of rectangles or squares. Typical examples can be found in the 7400 series of
digital TTL ICs. There are no digital ICs used in this book, but it’s worthwhile to make a
quick mention of them here because they’re such a major portion of the IC family.

The third group of ICs covered in this book are special function ICs, that is, devices
falling into neither the analog nor the digital category. Analog or digital ICs don’t really
do anything by themselves, so to speak. To turn an LM 741 into an amplifier (which is
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Figure 4.8: Integrated circuit package outline.

usually the case), you have to adjust the rest of the circuitry. Alternately the 741 could
be designated as an oscillator, and again it is changed accordingly. Digital ICs operate
on the principle of responding to just two voltage levels, a low level (also called a ‘0’)
and a high level (also called a ‘1), and hence, are also called logic devices. Digital ICs
can be thought of as a series of logic gates that are configured to perform a certain logic
function. Special-function ICs are complete in themselves. The LM 386 audio power
amplifier that we’ll be focusing on heavily later in the book is just that; it is a self-
contained unit that is designed to perform just one task (and it does so admirably at that).
Another much-used special function IC is the LM 555, a timer IC, so commonly used to
provide a train of square wave pulses. Figure 4.8 shows the basic IC outline.

4.1.5.2 Switches

Switches occur in so many places despite their somewhat mundane nature. After all,

a switch is just an on/off device. There are actually many different configurations

for switches, and it’s a good idea to get to know the variations. First of all, there’s a
terminology specific to switches: poles and throws. The simplest type of switch, like the
type you’d find in a lamp switch, is called a single pole, single throw, or SPST switch. The
simple SPST switch has two terminals, one of these goes to the source (this being typically
the positive voltage supply from a battery) and the other goes to the output (typically this
would be the circuit that is to receive the power from the battery); hence, the output can
only be connected to one terminal. It also has a toggle that flips back and forth. The light
flips on one way and off the other. Switches always have to be described with respect to an
input signal and an output signal. The pole refers to the number of terminals the input can
be connected to. With the SPST switch there is just one. The throw refers to the number
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of terminals the output can be connected to. In the SPST switch there is just one. What if
we had two terminals to which the output could be connected? Because there are now two
throws, this kind of switch is called a single pole, double throw switch. In this switch there
are actually three terminals arranged in a row. The input attaches to the center terminal,
and the other two terminals go to the two outputs. The SPST switch, as we’ve seen, is the
type used to switch an appliance on and off. The SPDT can be used to switch either one of
two lights on. This kind of switch is not too useful in real life, as there is a chance you may
want both lights off. But it illustrates the point. Incidentally, there is a less common type
of enhanced version of the SPDT switch with a center off position. The toggle is biased
mechanically so it can be positioned in between the two extreme positions. That switch
will turn off either light (in our example). In the aforementioned example we have had the
switch connected just in the positive supply line (where it is usually connected). The other
terminal, that is, the negative terminal, if we were considering, say, a battery being hooked
up to a light, would be permanently connected into the circuit. In situations where both
sides of the battery need to be switched, we use a switch that is essentially a dual version
of the SPST switch. This switch has two sets of terminals, each set identical to the other in
function. As you might have guessed, this is a double pole, single pole, or DPST switch,
where a pair of inputs can be switched to a pair of outputs. This switch type is useful
because it makes possible more than just the basic on/off function. An even more versatile
switch is the double pole, double throw, or DPDT switch, where two separate inputs can
be switched to two separate pairs of outputs.

Table 4.1 illustrates the use of the different switch types. Figures 4.9 and 4.10 depict the
switch types very clearly.

The dotted line for the DPST and DPDT switches indicates that these switches have
ganged contacts, that is, they are switched together with each mechanical toggle. For a
seemingly simple mechanical device, there’s certainly more to the humble switch than you

Table 4.1: Uses of Different Switch Types

Switch type Purpose

SPST Used to switch a single monoamplifier speaker on or off
SPDT Used to switch a monoamplifier between two speakers
DPST Used to switch a single pair of stereo amplifier speakers on or off

DPDT Used to switch a stereo amplifier between two pairs of stereo speakers
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first thought. Apart from the switching differences, switches also come in different current
ratings; the higher the current capacity, the larger the physical switch. For the circuit
projects shown in this book, choose switches with the smallest current ratings available.
Here’s a very useful tip that I only found through experience: some small switches (the
toggle type) require a huge amount of force to toggle between positions. What this means
is that if you’ve got a very light plastic project case with this type of switch mounted on
the front panel, you will most likely tip over the case when you try to flip the switch. I
found this out the hard way! So choose small switches that have a very light toggle action.
A slight flick of your finger should flip the switch to the other position. Switches are quite
costly, and you can save yourself a bundle by not buying the wrong type.

Rotary switches are like super versions of the regular switch and are defined by poles and
ways. For example, a simple, one-pole, four-way switch will switch one input signal to
one of four outputs. Let’s say we had a two-pole, four-way switch. This switch has two
sets of independent contacts that can be coupled to one of four positions. Let’s say one
pole was used to switch a radio output to one of four speakers. To know which speaker
was being powered, the second set of contacts could be wired to four LED indicators,
marked as 1 to 4. Each LED would then light up, corresponding to its matching speaker.
This setup is shown in Figure 4.11.

4.1.5.3 Jack Plugs and Sockets

Audio connections are made much neater and easier with the use of miniature 1/8-inch
jack plug/jack socket combinations. If you’re using a jack plug, you’re going to need a

/4
/ /
/
/
/
/
/
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Figure 4.11: One-pole, four-way rotary switch.
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jack socket. This size of jack plug is almost always found with the headphones provided
for portable radios and cassette players. Now you know the size we’re talking about.
These aren’t the huge jack plugs used with electric guitars. The jack plug has a screw-on
barrel, often plastic but sometimes metal. Once you remove the cover, and if it’s a mono
plug, you’ll see two connections. There’s a short connection to the center pin and a longer
connection that goes to the ground terminal. You can recognize a mono jack plug by the
single insulator strip near the end of the jack plug tip. The stereo jack plug has two such
insulator strips. Jack sockets come in the normally closed and normally open types. In

the normally closed type of jack socket, there are two contacts that are in mechanical and
electrical contact, that is, it’s normally closed. The action of inserting the jack plug causes
the two contacts to mechanically spring apart, so the electrical connection is broken.
When you remove the jack plug, the electrical connection is made again. The normally
open type of jack socket has two close-by terminals that are not electrically connected

to each other. When a jack plug is inserted, these two contacts are mechanically brought
together and as long as the jack plug remains inserted, the electrical connection is
maintained between the two terminals. Figure 4.12 shows the differences for one
particular type of popular socket. For the basic application, such as connecting a speaker
to an amplifier output, it makes no difference which type is used. But the normally closed
type of socket has a special use; it is used where an amplifier is connected normally to

an internal speaker, and when an external speaker is plugged in, the internal speaker is
disconnected by the action of this jack socket. Portable radios have the same arrangement,
whereby plugging in the external headphones disconnects the internal speaker. This

A Normally closed socket
Signal EI B 1/8” jack socket
Ground [ Jack socket | | ¢ Plug Out: Pins B and C are shorted
Jack plug Side view Plug In: Pin A grounded, Pin C to
signal
A Normally open socket
Signal E] B 1/8” jack socket
Ground [ Jack socket 9 ¢ Plug Out: Pins B and C are open circuit
Jack plug Plug In: Pins A and B grounded, Pin C to

Side view .
signal

Figure 4.12: Jack socket conventions.
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A Normally closed socket
Signal E] B 1/8” jack socket
)
Ground °—._D:.] [ Jack socket —s ¢ Plug Out: Pins B and C are shorted
Jack plug Side view Plug In: Pin A grounded, Pin C to
signal
Amp output

Jack plug iﬂ

Ground i °00©

External Normally closed Internal Radio

speaker jack socket speaker

Figure 4.13: An example of a normally closed jack socket.

example is seen in Figure 4.13. Like switches, jack plugs and sockets are more complex
than they might at first seem.

4.1.5.4 Light-Emitting Diodes

The LED is today’s solid-state marvel, the equivalent of the filament indicator lamp

of years gone by. When I started in hobby electronics, especially in the building of
amplifiers, I always had to use filament indicator lamps as power on/off indicators.
They took up a lot more space than LEDs, but, more critically, the current they drew
was enormous. Fortunately, with the advent of the integrated circuit era came also the
solid-state electronics age, with the LED soon becoming the universal indicator device.
Small, light, extremely robust, and drawing an economical amount of current, the LED
is a natural for panel indicators. In absolute terms, the current drawn is not insignificant,
however, but as the rest of the electronics technology speeds ahead to devices that use
much less power, the indicator remains locked (at least for the time being) with the
LED. Fundamentally, if the LED is to be used as a relatively long-range viewing device,
current has to be supplied to produce the visible light energy. Typically, current through
the device is limited with a resistor to just a few milliamps for acceptable viewing.
LEDs come in a limited range of colors—red, green, yellow—but red is by far the most
common and useful color. They come in different shapes (cylindrical and rectangular)
and sizes, from pin-head tiny to jumbo sized, the most commonly used size being
something like the size of a TV remote button. There are some special LEDs with very
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high brightness levels, but they draw more current than the plain vanilla variety, so unless
you really need extra high brightness, be careful when you choose your LEDs. The LED
package is sometimes marked with the brightness and current values, depending on where
you buy your components. Of course, you can always increase the brightness level a
good deal by increasing the current up to its maximum limit, but your battery life will be
shortened. There’s always a compromise, isn’t there? Who has ever heard of a Corvette
that is also economical to run.
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Power Supply Design

John Linsley Hood

Active systems such as audio amplifiers operate by drawing current from some voltage
source—ideally with a fixed and unvarying output—and transforming this into a variable
voltage output that can be made to perform some useful function, such as driving a
loudspeaker, or some further active or passive circuit arrangement. For most active
systems, the ideal supply voltage would be one having similar characteristics to a large
lead-acid battery: a constant voltage, zero voltage ripple, and a virtually unlimited ability
to supply current on demand. In reality, considerations of weight, bulk, and cost would
rule out any such Utopian solution and the power supply arrangements will be chosen,
with cost in mind, to match the requirements of the system they are intended to feed.
However, because the characteristics of the power supply used with an audio amplifier
have a considerable influence on the performance of the amplifier, this aspect of the
system is one that cannot be ignored.

5.1 High Power Systems

In the early days of valve-operated audio systems, virtually all of the mains-powered
DC power supply arrangements were of the form shown in Figure 5.1(a), and the only
real choice open to the designers was whether they used a directly heated rectifier, such
as a SU4, or an indirectly heated one, such as a 5V4 or a 5Z4. The indirectly heated
valve offered the practical advantage that the cathode of the rectifier would heat up at
roughly the same rate as that of the other valves in the amplifier so there would not be an
immediate switch-on no-load voltage surge of 1.4, the normal HT supply output voltage.
With a directly heated rectifier, this voltage surge would always appear in the interval
between the rectifier reaching its operating temperature, which might take only a few
seconds, and the 305 or so that the rest of the valves in the system would need to come
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into operation and start drawing current. Using an indirectly heated rectifier would avoid
this voltage surge and would allow lower working voltage components to be used with
safety in the rest of the amplifier. This would save cost. However, the directly heated
rectifier would have a more efficient cathode system and would have a longer working
life expectancy.

Although there are several other reasons for this, such as the greater ease of manufacture,
by the use of modern techniques, of large value electrolytic capacitors, or the
contemporary requirement that there shall be no audible mains hum in the amplifier
output signal due to supply line AC ripple, it is apparent that the capacitance values

used in the smoothing, decoupling, and reservoir capacitors in traditional valve amplifier
circuits are much smaller than in contemporary systems, which operate at a lower output
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voltage. The main reason for this is that the stored energy in a capacitor is defined by the
relationship:

E. = }4CV?

where E_ is the stored energy, in joules; C is the capacitance, in farads; and V is the
applied voltage. This means that there is as much energy stored in an 8-pF capacitor,
charged to 450V, as there is in a 400-pF capacitor charged only to 64 V. Because the
effectiveness of a decoupling capacitor in avoiding the transmission of supply line
rubbish, or a power supply reservoir capacitor in limiting the amount of ripple present
on the output of a simple transformer/rectifier type of power supply, depends on the
stored charge in the capacitor, its effectiveness is very dependent on the applied voltage,
as is the discomfort of the electrical shock that the user would experience if he or she
inadvertently discharged such a charged capacitor through his or her body.

5.2 Solid-State Rectifiers

The advent of solid state rectifiers—nowadays almost exclusively based on silicon bipolar
junction technology—effectively caused the demise of valve rectifier systems, although
for a short period, prior to the general adoption of semiconductor rectifiers, gas-filled
rectifiers, such as the 0Z4, had been used, principally in car radios, in the interests of
greater circuit convenience because, in these valves, the cathode was heated by reverse
ionic bombardment so that no separate rectifier heater supply was required. The difficulties
caused by the use of these gas-filled rectifiers were that they had a relatively short working
life and that they generated a lot of radio frequency (RF) noise. This RF noise arose
because of the very abrupt transition of the gas in the cathode/anode gap of the rectifier
from a nonconducting to a conducting state. The very short duration high current spikes
this caused shock excited the secondary windings of the transformer—and all its associated
wiring interconnections—into bursts of RF oscillation, which caused a persistent 100- to
120-Hz rasping buzz called modulation hum to appear in the audio output.

The solution to this particular problem was the connection of a pair of capacitors, shown
as C1 and C2 in Figure 5.1(a), across the transformer secondary windings to retune any
shock-excited RF oscillation into a lower and less invasive frequency band. Sometimes
these modulation hum prevention capacitors are placed across the rectifiers or across

the mains transformer primary winding, but they are less effective in these positions.
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With modern, low conduction resistance, semiconductor diodes, low equivalent series
resistance (ESR) reservoir capacitors, and low winding resistance (e.g., toroidal)
transformers, this problem can still arise, and the inclusion of these capacitors is a
worthwhile and inexpensive precaution. The circuit layout shown in Figure 5.1(b) is the
PSU arrangement used in most contemporary valve amplifiers. For lower voltages, a
wider range of circuit layouts are commonly used, also shown in Figure 5.1.

5.3 Music Power

In their first flush of enthusiasm for solid-state audio amplifiers, manufacturers and
advertising copy writers collectively made the happy discovery that most inexpensive
audio amplifiers powered by simple supply circuits, such as that shown in Figure 5.1(b),
would give a higher power output for short bursts of output signal, such as might quite
reasonably be expected to arise in the reproduction of music, than they could give on a
continuous sine-wave output. This short-duration, higher output power capability was
therefore termed the music power rating, and, if based on a test in which perhaps only one
channel was driven for a period of 100 ms every second, would allow a music power rating
to be claimed that was double that of the power given on a continuous tone test in which
both channels are driven simultaneously (the so-called rms output power rating).

5.4 Influence of Signal Type on Power Supply Design

Although this particular method of specification enhancement is no longer widely used,
its echoes linger on in relation to modern expectations for the performance of hi-fi
equipment. The reason for this is that in the earlier years of recorded music reproduction
there were no such things as pop groups, and most of those interested in improving the
quality of recording and replay systems were people such as Peter Walker of Quad or
Gerald Briggs of Wharfedale Loudspeakers, whose spare-time musical activities were

as an orchestral flautist and a concert pianist and whose interests, understandably, were
almost exclusively concerned with the reproduction, as accurately as possible, of classical
music. Consequently, when improvements in reproduction were attempted, they were in
ways that helped enhance the perceived fidelity in the reproduction of classical music and
the accuracy in the rendition of the tone of orchestral instruments. In general, this was
easier to achieve if the electronic circuitry was fed from one or more accurately stabilized
power supply sources, although this would nearly always mean that such power supplies
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would have, for reasons of circuit protection, a fixed maximum current output. While this
would mean that the peak power and the rms power ratings would be the same, it also
meant that there would be no reserve of power for sudden high-level signal demands—a
penalty that the tonal purists were prepared to accept as a simple fact of life.

However, times change and hi-fi equipment has become easier to accommodate, less
expensive in relative terms, and much more widely available. Also, there has been a
considerable growth in the purchasing power of those within the relatively youthful

age bracket, most of whose musical interests lie in the various forms of pop music—
preferably performed at high signal levels—and it is for this large and relatively affluent
group that most of the hi-fi magazines seek to cater.

The ways in which these popular musical preferences influence the design of audio
amplifiers and their power supplies relate, in large measure, to the peak short-term output
current that is available since one of the major instruments in any pop ensemble will be

a string bass, whose sonic impact and attack will depend on the ability of the amplifier
and power supply to drive large amounts of current into the LS load, and it must do this
without causing any significant increase in the ripple on the DC supply lines or any loss
of amplifier performance due to this cause.

A further important feature for the average listener to a typical pop ensemble is the
performance of the lead vocalist, commonly a woman, the clarity of whose lyric must
not be impaired by the high background signal level generated by the rest of the group.
Indeed, with much pop music, with electronically enhanced instruments, the sound

of the vocalist, although also enhanced electronically, is the nearest the listener will
get to a recognizable reference sound. This clarity of the vocal line demands both low
intermodulation distortion levels and a complete absence of peak-level clipping.

The designer of an amplifier that is intended to appeal to the pop music market must
therefore ensure that the equipment can provide very large short-duration bursts of power;
that the power supply line ripple level, at high output powers, must not cause problems

to the amplifier; and that, when the amplifier is driven into overload, it copes gracefully
with this condition. The use of large amounts of NFB, which causes hard clipping on
overload, is thought to be undesirable. Similarly, the effects of electronic (i.e., fast acting)
output transistor current limiting circuitry (used very widely in earlier transistor audio
amplifiers) would be quite unacceptable for most pop music applications so alternative
approaches, mainly based on more robust output transistors, must be used instead.
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In view of the normal lack in much pop music of any identifiable reference sound source,
such as would be provided by the orchestral or acoustic keyboard instruments in classical
music forms, a variety of descriptive terms has emerged to indicate the success or
otherwise of the amplifier system in providing attractive reproduction of the music. Terms
such as “exciting,” “giving precise image location,” “vivid presence,” “having full sound
staging,” “blurred,” or transparent are colorful and widely used in performance reviews,
but they do not help the engineer in his attempts to approach more closely to an ideal
system performance—attempts that must rely on engineering intuition and trial and error.

5.5 High Current Power Supply Systems

In order for the power supply system to be able to provide high output currents for short
periods of time, the reservoir capacitor, C3 in Figure 5.1(b), must be large and have a
low ESR value. Ideally, the rectifier diodes used in the power supplies should have a

low conducting resistance, the mains transformer should have low resistance windings
and low leakage inductance, and all the associated wiring, including any PCB tracks,
should have the lowest practicable path resistance. The output current drawn from the
transformer secondary winding, to replace the charge lost from the reservoir capacitor
during the previous half cycle of discharge, occurs in brief, high current bursts in the
intervals between the points on the input voltage waveform labeled 1 and 2, 3 and 4, 5
and 6, and so on, shown in Figure 5.1(c). This leads to an output ripple pattern of the
kind shown in Figure 5.1(d). Unfortunately, all of the measures that the designer can
adopt to increase the peak DC output current capability of the power supply unit will
reduce the interval of time during which the reservoir capacitor is able to recharge. This
will increase the peak rectifier/reservoir capacitor recharge current and will shorten the
duration of these high current pulses. This increases the transformer core losses, both the
transformer winding and the lamination noise, and also the stray magnetic field radiated
from the transformer windings. All of these factors increase the mains hum background,
both electrical and acoustic, of the power supply unless steps are taken—in respect of the
physical layout, and the placing of interconnections—to minimize it. The main action
that can be taken is to provide a very large mains transformer, apparently excessively
generously rated in relation to the output power it has to supply, in order that it can cope
with the very high peak secondary current demand without mechanical hum or excessive
electromagnetic radiation. Needless to say, the mains transformer should be mounted as
far away as possible from regions of low signal level circuitry; its orientation should be
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chosen so that its stray magnetic field will be at right angles to the plane of the amplifier
PCB.

5.6 Half-Wave and Full-Wave Rectification

Because the reservoir capacitor recharge current must replace the current drawn from

it during the nonconducting portion of the input cycle, both the peak recharge current

and the residual ripple will be twice as large if half-wave rectification is employed, such
as that shown in the circuit of Figure 5.1(h), in which the rectifier diode only conducts
during every other half cycle of the secondary output voltage rather than on both cycles,
as would be the case in Figure 5.1(b). A drawback with the layouts of both Figures 5.1(a)
and 5.1(b) is that the transformer secondary windings only deliver power to the load
every other half cycle, which means that when they do conduct, they must pass twice the
current they would have had to supply in, for example, the bridge rectifier circuit shown
in Figure 5.1(e). The importance of this is that the winding losses are related to the square
of the output current (P = i=R) so that the transformer copper losses would be four times
as great in the circuit of Figure 5.1(b) as they would be for either of the bridge rectifier
circuits of Figure 5.1(f). However, in the layout of Figure 5.1(b), during the conduction
cycle in which the reservoir capacitor is recharged, only one conducting diode is in the
current path, as compared with two in the bridge rectifier setups.

Many contemporary audio amplifier systems require symmetrical +ve and —ve power
supply rails. If a mains transformer with a center-tapped secondary winding is available,
such a pair of split-rail supplies can be provided by the layout of Figure 5.1(e) or, if
component cost is of no importance, by the double bridge circuit of Figure 5.1(f). The
half-wave voltage doubler circuit shown in Figure 5.1(g) is used mainly in low current
applications where its output voltage characteristic is of value, such as perhaps a higher
voltage, low-current source for a three-terminal voltage regulator.

5.7 Direct Current Supply Line Ripple Rejection

Avoidance of the intrusion of AC ripple or other unwanted signal components from the
DC supply rails can be helped in two ways: by the use of voltage regulator circuitry

to maintain these rails at a constant voltage or by choosing the design of the amplifier
circuitry that is used so that there is a measure of inherent supply line signal rejection.
In a typical audio power amplifier, there will be very little signal intrusion from the +ve
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supply line through the constant current source, Q6 and Q7, because this has a very high
output impedance in comparison with the emitter impedance of Q1 and Q2, so any AC
ripple passing down this path would be very highly attenuated. However, there would be
no attenuation of rubbish entering the signal line via RS, so that, in a real-life amplifier,
R5 would invariably be replaced by another constant current source, such as that arranged
around Q7 and Q8.

For the negative supply rail, the cascode connection of Q10 would give this device an
exceedingly high output impedance, so any signal entering via this path would be very
heavily attenuated by the inevitable load impedance of the amplifier. Similarly, the output
impedance of the cascode-connected transistors Q3 and Q4 would be so high that the
voltage developed across the current mirror (Q5 and Q6) would be virtually independent
of any —ve rail ripple voltage. In general, the techniques employed to avoid supply line
intrusion are to use circuits with high output impedances wherever a connection must

be made to the supply line rails. In order of effectiveness, these would be a cascode-
connected field-effect transistor or bipolar device, a constant current source, a current
mirror, or a decoupled output, such as a bootstrapped load. HT line decoupling, by means
of an LF choke or a resistor and a shunt-connected capacitor, such as R2 and C2, was
widely used in valve amplifier circuitry, mainly because there were few other options
available to the designer. Such an arrangement is still a useful possibility if the current
flow is low enough for the value of R2 to be high and if the supply voltage is high enough
for the voltage drop across this component to be unimportant. It still suffers from the
snag that its effectiveness decreases at low frequencies where the shunt impedance of C2
begins to increase.

5.8 Voltage Regulator Systems

Electronic voltage regulator systems can operate in two distinct modes, each with their
own advantages and drawbacks: shunt and series. The shunt systems operate by drawing
current from the supply at a level that is calculated to be somewhat greater than maximum
value, which will be consumed by the load. A typical shunt regulator circuit is shown

in Figure 5.2(a), in which the regulator device is an avalanche or Zener diode or a two-
terminal band-gap element for low current, high stability requirements. Such simple
circuits are normally only used for relatively low current applications, although high
power avalanche diodes are available. If high power shunt regulators are needed, a better
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Figure 5.2: Simple shunt regulators.

approach is to use a combination of avalanche diode and power transistor, as shown in
Figure 5.2(b). The obvious snag is that in order for such a system to work, there must be

a continuous current drain that is rather larger than the maximum likely to be drawn by

the load, which is wasteful. The main advantages of the shunt regulator system are that

it is simple and that it can be used even when the available supply voltage is only a little
greater than the required output voltage. Avalanche and Zener diodes are noisy, electrically
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speaking, although their noise can be lessened by connecting a low ESR capacitor in
parallel with them. For applications where only a low voltage is needed and its actual
value is not very important but a low circuit noise is essential, a simple arrangement is to
use a string of silicon diodes, as shown in Figure 5.2(c). Each of these diodes will have a
forward direction voltage drop of about 0.6V, depending on the current flowing though
them. Light-emitting diodes have also been recommended in this application, for which

a typical forward voltage drop would be about 2.4V, depending on the LED type and its
forward current. All of these simple shunt regulator circuits will perform better if the input
resistor (R1) is replaced by a constant current source, shown as CCl1.

5.9 Series Regulator Layouts

The problem with the shunt regulator arrangement is that the circuit must draw a current
that is always greater than would have been drawn by the load on its own. This is an
acceptable situation if the total current levels are small, but this would not be tolerable

if high output power levels were involved. In this situation it is necessary to use a series
regulator arrangement, of which some simple circuit layouts are shown in Figure 5.3.
The circuit of Figure 5.3(a) forms the basis for almost all of this type of regulator circuit,
with various degrees of elaboration. Essentially, it is a fixed voltage source to which an
emitter—follower has been connected to provide an output voltage (that of the Zener diode
less the forward emitter bias of Q1) at a low output impedance. The main problem is that
for the circuit to work, the input voltage must exceed the output voltage—the difference
is termed the drop-out voltage—by enough voltage for the current flow through R1 to
provide the necessary base current for Q1 and also enough current through D1 for D1 to
reach its reference voltage. Practical considerations require that R1 shall not be too small.
In a well-designed regulator of this kind, such as the 78xx series voltage regulator IC, the
drop-out voltage will be about 2'V.

This drop-out voltage can be reduced by reversing the polarity of Q1, as shown in Figure
5.3(b), so that the required base input current for Q1 is drawn from the 0-V rail. This
arrangement works quite well, except that the power supply output impedance is much
higher than that of Figure 5.3(a), unless there is considerable gain in the NFB control
loop. In this particular instance Q2 will conduct and feed current into the Q1 base until
the voltage developed across R3 approaches the voltage on the base of Q2, when both Q2
and Q1 will be turned off. By augmenting Q2 with an op-amp, as shown in Figure 5.4, a
very high performance can be obtained from this inverted type of regulator layout.
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Figure 5.3: Simple series regulators.
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Figure 5.4: Series-stabilized PSU.

5.10 Overcurrent Protection

A fundamental problem with any kind of solid-state voltage regulator layout, such as

that of Figure 5.3(a), is that if the output is short-circuited, the only limit to the current
that can flow is the capacity of the input power supply, which could well be high enough
to destroy the pass transistor (Q1). For such a circuit to be usable in the real world,

where HT rail short-circuits can, and will, occur, some sort of overcurrent protection
must be provided. In the case of Figure 5.3(c), this is done by putting a resistor (R2) in
series with the regulator output and then arranging a further transistor (Q2) to monitor the
voltage across this. If the output current demand is enough to develop a voltage greater
than about 0.65V across R2, Q2 will conduct and will progressively steal the base current
from Q1.
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In the inverted stabilizer circuit shown in Figure 5.4, R1 monitors the output current, and
if this is large enough to cause Q1 to conduct, then the output voltage will progressively
collapse, causing the PSU to behave as a constant current source at whatever output
voltage causes the load to draw the current determined by R1. (I know this protection
technique works because this is the circuit I designed for my workshop bench power
supply 20 years ago,' which has been in use every working day since then, having
endured countless inadvertent output short-circuits during normal use, as well as
surviving my son having left it on overnight, at maximum current output, connected to

a nickel-plating bath that he had hooked up, but which had inadvertently become short-
circuited.) In the particular layout shown, the characteristics of the pass transistors used
(Q3 and its opposite number) are such that no current/voltage combinations that can be
applied will cause Q3 to exceed its safe operating area boundaries, but this is an aspect
that must be borne in mind. Although I use this supply for the initial testing of nearly all
my amplifier designs, it would not have an acceptable performance, for reasons given
earlier, as the power supply for the output stage of a modern hi-fi amplifier.

However, there is no such demand for a completely unlimited supply current for voltage
amplifier stages or preamplifier supply rails, and in these positions, a high-quality
regulator circuit can be of considerable value in avoiding potential problems due to

hum and distortion components breaking through from the PSU rails. Indeed, there is

a trend in modern amplifier design to divide the power supplies to the amplifier into
several separate groupings: one pair for the gain stages, a second pair for the output
driver transistors, and a final pair of unregulated supplies to drive the output transistors
themselves. Only this last pair of supplies normally needs to be fed directly from a simple
high current rectifier/reservoir capacitor type of DC supply system.

A further possibility that arises from the availability of more than one power supply to the
power amplifier is that it allows the designer, by the choice of the individual supply voltages
provided, to determine whereabouts in the power amplifier the circuit will overload when
driven too hard since, in general, it is better if it is not the output stage that clips. This was
an option that I took advantage of in my 80-W power MOSFET design of 1984.2

5.11 Integrated Circuit (Three Terminals) Voltage Regulator ICs

For output voltages up to =24V and currents up to 5 A, depending on voltage rating,
a range of highly developed IC voltage regulator packages are now offered, having
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overcurrent (s/c) and thermal overload protection, coupled with a very high degree

of output voltage stability, and coupled with a typical >60-dB input/output line ripple
rejection. They are available most readily in +5V and +15V/—15V output voltages
because of the requirements of 5-V logic ICs and of IC op-amps, widely used in
preamplifier circuits, for which *15-V supply rails are almost invariably specified.
Indeed, the superlative performance of contemporary IC op-amps designed for use in
audio applications is such an attractive feature that most audio power amplifiers are now
designed so that the maximum signal voltage required from the pre amp is within the
typical 9.5-V rms output voltage available from such IC op-amps.

Higher voltage regulator ICs, such as the LM337T and the LM317T, with output voltages
up to —37 and +37V, respectively, and output currents up to 1.5 A are available but
where audio amplifier designs require higher voltage-stabilized supply rails, the most
common approaches are either to extend the voltage and current capabilities of the
standard IC regulator by adding on suitable discrete component circuitry, as shown in
Figure 5.5, or by assembling a complete discrete component regulator of the kind shown
in Figure 5.6.

In the circuit arrangement shown for a single channel in Figure 5.5, a small-power
transistor, Q1, is used to reduce the 55- to 60-V output from the unregulated PSU to a
level that is within the permitted input voltage range for the 7815 voltage regulator IC
(IC2). This is one of a pair providing a =15-V DC supply for a preamplifier. A similar
15-V regulator IC (IC1) has its input voltage reduced to the same level by the emitter—
follower Q4 and is used to drive a resistive load (R7) via the control transistor, Q5. If
the output voltage, and consequently the voltage at QS5 base, is too low, Q5 will conduct,
current will be drawn from the regulator IC (IC1), and, via Q4, from the base of the pass
transistor, Q2. This will increase the current through Q2 into the output load and will
increase the output voltage. If, however, the output voltage tends to rise to a higher level
than that set by RV1, Q5 will tend toward cutoff and the current drawn from Q2 base will
be reduced to restore the target output voltage level.

Overcurrent protection is provided by the transistor Q3, which monitors the voltage
developed across R4 and restricts the drive to Q2 if the output current is too high.

Safe operating area conformity is ensured by the resistor R3, which monitors the

voltage across the pass transistor and cuts off Q2 base current if this voltage becomes too
high.
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Figure 5.6: S/C-protected PSU.

In the circuit of Figure 5.6, which is used as the power supply for an 80- to 100-W
power MOSFET audio amplifier—again only one channel is shown—a P-channel power
MOSFET is used as the pass transistor and a circuit design based on discrete components
is used to control the output voltage. In this, transistor Q21 is used to monitor the
potential developed across R33 through the R35/RV3 resistor chain. If this is below the
target value, current is drawn through Q19 and R29 to increase the current flow through
the pass transistor (Q17). If either the output current or the voltage across Q17 is too
high, Q7 is cut off and there is no current flow through Q18 into Q17 gate.

This regulator circuit allows electronic shut down of the power supply if an abnormal
output voltage is detected across the LS terminals (due, perhaps, to a component failure).
This monitoring circuit (one for each channel) is shown in Figure 5.7. This uses a pair of
small-signal transistors, Q1 and Q2, in a thyristor configuration, which, if Q2 is turned
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on, will connect Q1 base to the 0-V rail, which, in turn, causes current to be drawn from
Q2 base, which causes Q2 to remain in conduction even if the original input voltage is
removed. The trip voltage will arise if an excess DC signal (e.g., >10V) appears across
the LS output for a sufficient length of time for Q1 to charge to +5 V. Returning to Figure
5.6, when the circuit trips, the forward bias voltage present on Q19 base is removed and
Q17 is cut off and remains cut off until the trip circuit is reset by shorting Q2 base to the
0-V rail. If the fault persists, the supply will cut out again as soon as the reset button is
released. An electronic cut-out system like this avoids the need for relay contacts or fuses
in the amplifier output lines. Relays can be satisfactory if they are sealed, inert gas-filled
types, but fuse holders are, inevitably, crude, low-cost components, of poor construction
quality, and with a variable and uncertain contact resistance. These are best eliminated
from any signal line.

5.12 Typical Contemporary Commercial Practice

The power supply circuit used in the Rotel RHB10 330-W power amplifier is shown
in Figure 5.8 as an example of typical modern commercial practice. In this design two
separate mains power transformers are used, one for each channel (the drawing only
shows the LH channel—the RH one is identical) and two separate bridge rectifiers are
used to provide separate =70-V DC outputs for the power output transistors and the
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driver transistors. This eliminates the distortion that might otherwise arise because

of breakthrough of signal components from the output transistor supply rail into the

low power signal channel. Similarly, use of a separate supply system for each channel
eliminates any power supply line-induced L—R cross talk that might impair stereo image
positioning.

5.13 Battery Supplies

An interesting new development is the use of internally mounted rechargeable batteries

as the power supply source for sensitive parts of the amplifier circuitry, such as low input
signal level gain stages. Provided that the unit is connected to a mains power line, these
batteries will be recharged during the time the equipment is switched off, but will be
disconnected automatically from the charger source as soon as the amplifier is switched on.

5.14 Switch-Mode Power Supplies

Switch-mode power supplies are widely used in computer power supply systems and
offer a compact, high efficiency regulated voltage power source. They are not used in
hi-fi systems because they generate an unacceptable level of HF switching noise due to
the circuit operation. They would also fail the requirement to provide high peak output
current levels.

Reference
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Introduction to Audio Amplification

John Linsley Hood

In the field of audio amplifiers there has been great interest in techniques for making
small electrical voltages larger ever since mankind first attempted to transmit the human
voice along lengthy telephone cables. This quest received an enormous boost with the
introduction of radio broadcasts and the resulting mass production of domestic radio
receivers intended to operate a loudspeaker output. However, the final result, in the ear
of the listener, although continually improved over the passage of the years, is still a
relatively imperfect imitation of the real-life sounds that the engineer has attempted

to copy. Although most of the shortcomings in this attempt at sonic imitation are not
because of the electronic circuitry and the amplifiers that have been used, there are still
some differences between them, and there is still some room for improvement.

I believe, very strongly, that the only way by which improvements in these things

can be obtained is by making, analyzing, and recording, for future use, the results of
instrumental tests of as many relevant aspects of the amplifier electrical performance as
can be devised. Obviously, one must not forget that the final result will be judged in the
ear of the listener so that when all the purely instrumental tests have been completed and
the results judged to be satisfactory, the equipment should also be assessed for sound
quality and the opinions in this context of as many interested parties as possible should be
canvassed.

Listening trials are difficult to set up and hard to purge of any inadvertent bias in the way
equipment is chosen or the tests are carried out. Human beings are also notoriously prone
to believe that their preconceived views will prove to be correct. The tests must therefore
be carried out on a double-blind basis, when neither the listening panel nor the persons
selecting one or other of the items under test knows what piece of hardware is being
tested.
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If there is judged to be any significant difference in the perceived sound quality, as
between different pieces of hardware that are apparently identical in their measured
performance, the type and the scope of the electrical tests that have been made must be
considered carefully to see if any likely performance factor has been left unmeasured or
not given adequate weight in the balance of residual imperfections that exist in all real-
life designs.

A further complicating factor arises because some people have been shown to be
surprisingly sensitive to apparently insignificant differences in performance or to the
presence of apparently trifling electrical defects—not always the same ones—so, because
there are bound to be some residual defects in the performance of any piece of hardware,
each listener is likely to have his or her own opinion of which of these sounds best or
which gives the most accurate reproduction of the original sound—if this comparison is
possible.

The most that the engineer can do, in this respect, is to try to discover where these
performance differences arise or to help decide the best ways of getting the most
generally acceptable performance.

It is simple to specify the electrical performance that should be sought. This means that
for a signal waveform that does not contain any frequency components that fall outside
the audio frequency spectrum, which may be defined as 10 Hz to 20kHz, there should
be no measurable differences, except in amplitude, between the waveform present at the
input to the amplifier or other circuit layout (which must be identical to the waveform
from the signal source before the amplifier or other circuit is connected to it) and that
present across the circuit output to the load when the load is connected to it.

In order to achieve this objective, the following requirements must be met.

e The constant amplitude (0.5 dB) bandwidth of the circuit, under load and at all
required gain and output amplitude levels, should be at least 20 Hz to 20kHz.

e The gain- and signal-to-noise ratio of the circuit must be adequate to provide
an output signal of adequate amplitude and the noise or other nonsignal-related
components must be inaudible under all conditions of use.

e Both the harmonic and the intermodulation distortion components present in the
output waveform, when the input signal consists of one or more pure sinusoidal
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waveforms within the audio frequency spectrum, should not exceed some agreed
upon level. [In practice, this is very difficult to define because the tolerable
magnitudes of such waveform distortion components depend on their frequency
and also, in the case of harmonic distortion, on the order (i.e., whether they are
second, third, fourth, or fifth as the case may be). Contemporary thinking is

that all such distortion components should not exceed 0.02%, although, in the
particular case of the second harmonic, it is probably undetectable below 0.05%.]

e The phase linearity and electrical stability of the circuit, with any likely reactive
load, should be adequate to ensure that there is no significant alteration of the
form of a transient or discontinuous waveform such as a fast square or rectangular
wave, provided that this would not constitute an output or input overload. There
should be no ringing (superimposed spurious oscillation) and, ideally, there
should also be no waveform overshoot under square-wave testing in which the
signal should recover to the undistorted voltage level, =0.5%, within a settling
time of 20 s.

e The output power delivered by the circuit into a typical load—bearing in mind
that this may be either higher or lower than the nominal impedance at certain
parts of the audio spectrum—must be adequate for the purpose required.

e If the circuit is driven into overload conditions, it must remain stable. The clipped
waveform should be clean and free from instability, and should recover to the
normal signal waveform level with the least possible delay—certainly less
than 20 ps.

In addition to these purely electrical specifications, which would probably be difficult to
meet, even in a very high-quality solid-state design—and most unlikely to be satisfied in
any transformer-coupled system—there are a number of purely practical considerations,
such as that the equipment should be efficient in its use of electrical power; that its heat
dissipation should not present problems in housing the equipment; and that the design
should be cost-effective, compact, and reliable.
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Preamplifiers and Input Signals

John Linsley Hood

7.1 Requirements

Most high-quality audio systems are required to operate from a variety of signal inputs,
including radio tuners, cassette or reel-to-reel tape recorders, compact disc players, and
more traditional record player systems. It is unlikely at the present time that there will be
much agreement between the suppliers of these ancillary units on the standards of output
impedance or signal voltage that their equipment should offer.

Except where a manufacturer has assembled a group of such units, for which the
interconnections are custom designed and there is in-house agreement on signal and
impedance levels—and, sadly, such ready-made groupings of units seldom offer the
highest overall sound quality available at any given time—both the designer and the user
of the power amplifier are confronted with the need to ensure that their system is capable
of working satisfactorily from all of these likely inputs.

For this reason, it is conventional practice to interpose a versatile preamplifier unit
between the power amplifier and the external signal sources to perform the input signal
switching and signal level adjustment functions.

This preamplifier either forms an integral part of the main power amplifier unit or, as is
more common with the higher quality units, is a free-standing, separately powered unit.

7.2 Signal Voltage and Impedance Levels

Many different conventions exist for the output impedances and signal levels given by
ancillary units. For tuners and cassette recorders, the output is either that of the German
Deutsches Industrie Normal (DIN) standard, in which the unit is designed as a current
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source, which gives an output voltage of 1 mV for each 1000 ohms of load impedance,
such that a unit with a 100-K input impedance would see an input signal voltage of
100mV, or the line output standard, designed to drive a load of 600 ohms or greater, at a
mean signal level of 0.775V rms, often referred to in tape recorder terminology as OVU.

Generally, but not invariably, units having DIN type interconnections, of the styles shown
in Figure 7.1, will conform to the DIN signal and impedance level convention, whereas
those having “phono” plug/socket outputs, of the form shown in Figure 7.2, will not. In
this case, the permissible minimum load impedance will be within the range 600 to 10,000
ohms, and the mean output signal level will commonly be within the range 0.25-1V rms.

An exception to this exists regarding compact disc players, where the output level is most
commonly 2V rms.

Plugs
2
o
50 04
30 o1
3-way 5-way 7-way 8-way
2
50 ° o4
LH input = 1 : . .
. B For 5-spin Electrical connections
RH input = 4 connector O |e0 o1] O (viewed from rear of socket)
LH output = 3
RH output = 5

0V line (chassis) = 2

Figure 7.1: Common DIN connector configurations.

........

D] D N SSS L

Figure 7.2: The phono connector.
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7.3 Gramophone Pick-Up Inputs

Three broad categories of pick-up (PU) cartridges exist: the ceramic, the moving
magnet or variable reluctance, and the moving coil. Each of these has different output
characteristics and load requirements.

7.3.1 Ceramic Piezo-Electric Cartridges

These units operate by causing the movement of the stylus due to groove modulation to
flex a resiliently mounted strip of piezo-electric ceramic, which then causes an electrical
voltage to be developed across metallic contacts bonded to the surface of the strip. They
are commonly found only on low-cost units and have a relatively high output signal level,
in the range 100-200mV at 1kHz.

Generally, the electromechanical characteristics of these cartridges are tailored so that
they give a fairly flat frequency response, although with some unavoidable loss of HF
response beyond 2kHz, when fed into a preamplifier input load of 47,000 ohms.

Neither the HF response nor the tracking characteristics of ceramic cartridges are
particularly good, although circuitry has been designed with the specific aim of optimizing
the performance obtainable from these units.! However, in recent years, the continuing
development of PU cartridges has resulted in a substantial fall in the price of the less
exotic moving magnet or variable reluctance types so that it no longer makes economic
sense to use ceramic cartridges, except where their low cost and robust nature are of
importance.

7.3.2 Moving Magnet and Variable Reluctance Cartridges

These are substantially identical in their performance characteristics and are designed

to operate into a 47-K load impedance, in parallel with some 200-500 pF of anticipated
lead capacitance. Since it is probable that the actual capacitance of the connecting leads
will only be of the order of 50-100 pF, some additional input capacitance, connected
across the phono input socket, is customary. This also will help reduce the probability of
unwanted radio signal breakthrough.

PU cartridges of this type will give an output voltage that increases with frequency in
the manner shown in Figure 7.3(a), following the velocity characteristics to which
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Figure 7.3: The RIAA record/replay characteristics used for 33/45 rpm vinyl discs.

LP records are produced, in conformity with the Recording Industry Association of
America (RIAA) recording standards. The preamplifier will then be required to have a
gain/frequency characteristic of the form shown in Figure 7.3(b), with the deemphasis
time constants of 3180, 318, and 75 ps, as indicated in the figure.

The output levels produced by such PU cartridges will be of the order of 0.8-2mV/cm/s
of groove modulation velocity, giving typical mean outputs in the range of 3—-10mV at
1kHz.

7.3.3 Moving Coil Pick-Up Cartridges

These low-impedance, low-output PU cartridges have been manufactured and used
without particular comment for very many years. They have come into considerable
prominence in the past decade because of their superior transient characteristics and
dynamic range as the choice of those audiophiles who seek the ultimate in sound quality,
even though their tracking characteristics are often less good than is normal for MM and
variable reluctance types.
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Typical signal output levels from these cartridges will be in the range 0.02-0.2mV/cm/s
into a 50- to 75-ohm load impedance. Normally, a very low-noise head amplifier circuit
will be required to increase this signal voltage to a level acceptable at the input of the
RIAA equalization circuitry, although some of the high output types will be capable

of operating directly into the high-level RIAA input. Such cartridges will generally be
designed to operate with a 47-K load impedance.

7.4 Input Circuitry

Most of the inputs to the preamplifier will merely require appropriate amplification and
impedance transformation to match the signal and impedance levels of the source to those
required at the input of the power amplifier. However, the necessary equalization of the
input frequency response from a moving magnet, moving coil, or variable reluctance PU
cartridge, when replaying an RIAA preemphasized vinyl disc, requires special frequency
shaping networks.

Various circuit layouts have been employed in the preamplifier to generate the required
RIAA replay curve for velocity sensitive PU transducers, and these are shown in Figure
7.4. Of these circuits, the two simplest are the “passive” equalization networks shown in
Figures 7.4(a) and 7.4(b), although for accuracy in frequency response they require that
the source impedance is very low and that the load impedance is very high in relation

to R;.

The required component values for these networks have been derived by Livy? in terms
of RC time constants and set out in a more easily applicable form by Baxandall® in his
analysis of the various possible equalization circuit arrangements.

From the equations quoted, the component values required for use in the circuits of
Figures 7.4(a) and 7.4(c) would be

R/R, = 6818 C,'R, =2187ps and C,"R, = 109 ps

For the circuit layouts shown in Figures 7.4(b) and 7.4(d), the component values can be
derived from the relationships:

R/R, = 1238 C,R, = 2937ps and C,R, = 81.1ps
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Figure 7.4: Circuit layouts that will generate the type of frequency response required for
RIAA input equalization.

The circuit arrangements shown in Figures 7.4(c) and 7.4(d) use “shunt” type negative
feedback (i.e., that type in which the negative feedback signal is applied to the amplifier
in parallel with the input signal) connected around an internal gain block.

These layouts do not suffer from the same limitations with respect to source or load as
the simple passive equalization systems of Figures 7.4(a) and 7.4(b). However, they do
have the practical snag that the value of R, will be determined by the required PU input
load resistor (usually 47k for a typical moving magnet or variable reluctance type of PU
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Figure 7.4: (Continued)

cartridge), and this sets an input “resistor noise” threshold, which is higher than desirable,
as well as requiting inconveniently high values for R; and R,.

For these reasons, the circuit arrangements shown in Figures 7.4(e) and 7.4(f) are found
much more commonly in commercial audio circuitry. In these layouts, the frequency
response shaping components are contained within a “series” type feedback network
(i.e., one in which the negative feedback signal is connected to the amplifier in series
with the input signal), which means that the input circuit impedance seen by the amplifier
is essentially that of the PU coil alone and allows a lower midrange “thermal noise”
background level.

The snag, in this case, is that at very high frequencies, where the impedance of the
frequency-shaping feedback network is small in relation to Rgg, the circuit gain
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approaches unity, whereas both the RIAA specification and the accurate reproduction
of transient waveforms require that the gain should asymptote to zero at higher audio
frequencies.

This error in the shape of the upper half of the response curve can be remedied by the
addition of a further CR network, C5/R5, on the output of the equalization circuit, as
shown in Figures 7.4(e) and 7.4(f). This amendment is sometimes found in the circuit
designs used by the more perfectionist of the audio amplifier manufacturers.

Other approaches to the problem of combining low input noise levels with accurate
replay equalization are to divide the equalization circuit into two parts, in which the first
part, which can be based on a low noise series feedback layout, is only required to shape
the 20-Hz to 1-kHz section of the response curve. This can then be followed by either a
simple passive RC roll-off network, as shown in Figure 7.4(g), or by some other circuit
arrangement having a similar effect, such as that based on the use of a shunt feedback
connected around an inverting amplifier stage, as shown in Figure 7.4(h), to generate that
part of the response curve lying between 1 kHz and 20kHz.

A further arrangement, which has attracted the interest of some Japanese circuit
designers—as used, for example, in the Rotel RC-870BX preamp, of which the RIAA
equalizing circuit is shown in a simplified form in Figure 7.4—simply employs one of the
recently developed very low noise IC op-amps as a flat frequency response input buffer
stage. This is used to amplify the input signal to a level at which circuit noise introduced
by succeeding stages will only be a minor problem and also to convert the PU input
impedance level to a value at which a straightforward shunt feedback equalizing circuit
can be used, with resistor values chosen to minimize any thermal noise background rather
than being dictated by the PU load requirements.

The use of “application-specific” audio ICs, to reduce the cost and component count

of RIAA stages and other circuit functions, has become much less popular among the
designers of higher quality audio equipment because of the tendency of the semiconductor
manufacturers to discontinue the supply of such specialized ICs when the economic basis
of their sales becomes unsatisfactory or to replace these devices by other, notionally
equivalent, ICs that are not necessarily either pin or circuit function compatible.

There is now, however, a degree of unanimity among the suppliers of ICs as to the pin
layout and operating conditions of the single and dual op-amp designs, commonly
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packaged in eight-pin dual-in-line forms. These are typified by the Texas Instruments
TLO71 and TLO72 ICs or their more recent equivalents, such as the TLO51 and TL052
devices; there is a growing tendency for circuit designers to base their circuits on the
use of ICs of this type, and it is assumed that devices of this kind would be used in the
circuits shown in Figure 7.4.

An incidental advantage of the choice of this style of IC is that commercial rivalry
between semiconductor manufacturers leads to continuous improvements in the
specification of these devices. Since these nearly always offer plug-in physical and
electrical interchangeability, the performance of existing equipment can be upgraded
easily, either on the production line or by the service department, by the replacement of
existing op-amp ICs with those of a more recent vintage, which is an advantage to both
manufacturer and user.

7.5 Moving Coil Pick-up Head Amplifier Design

The design of preamplifier input circuitry that will accept the very low signal levels
associated with moving coil PUs presents special problems in attaining an adequately
high signal-to-noise ratio, in respect to the microvolt level input signals, and in
minimizing the intrusion of mains hum or unwanted radio frequency (RF) signals.

The problem of circuit noise is lessened somewhat with respect of such RIAA-equalized
amplifier stages in that, because of the shape of the frequency response curve, the
effective bandwidth of the amplifier is only about 800 Hz. The thermal noise due to
amplifier input impedance, which is defined by the following equation, is proportional to
the squared measurement bandwidth, other things being equal, so that the noise due to
such a stage is less than would have been the case for a flat frequency response system.
Nevertheless, the attainment of an adequate S/N ratio, which should be at least 60dB,
demands that the input circuit impedance should not exceed some 50 ohms.

V = JAKTSFR

where OF is the bandwidth, T is the absolute temperature (room temperature being
approximately 300°K), R is resistance in ohms, and K is Boltzmann’s constant
(1.38 X 10723,

The moving coil PU cartridges themselves will normally have winding resistances that
are only of the order of 5-25 ohms, except in the case of the high output units where the
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problem is less acute anyway, so the problem relates almost exclusively to the circuit
impedance of the MC input circuitry and the semiconductor devices used in it.

7.6 Circuit Arrangements

Five different approaches are in common use for moving coil PU input amplification.

7.6.1 Step-Up Transformer

This was the earliest method to be explored and was advocated by Ortofon, which was one
of the pioneering companies in the manufacture of MC PU designs. The advantage of this
system is that it is substantially noiseless, in the sense that the only source of wide-band
noise will be the circuit impedance of the transformer windings and that the output voltage
can be high enough to minimize the thermal noise contribution from succeeding stages.

The principal disadvantages with transformer step-up systems, when these are operated
at very low signal levels, are their proneness to mains “hum” pick up, even when well
shrouded, and their somewhat less good handling of “transients” because of the effects
of stray capacitances and leakage inductance. Care in their design is also needed to
overcome the magnetic nonlinearities associated with the core, which are particularly
significant at low signal levels.

7.6.2 Systems Using Paralleled Input Transistors

The need for a very low input circuit impedance to minimize thermal noise effects has
been met in a number of commercial designs by simply connecting a number of small
signal transistors in parallel to reduce their effective base-emitter circuit resistance.
Designs of this type came from Ortofon, Linn/Naim, and Braithwaite and are shown in
Figures 7.5-7.7.

If such small signal transistors are used without selection and matching—a time-
consuming and expensive process for any commercial manufacturer—some means must
be adopted to minimize the effects of the variation in base-emitter turn-on voltage that
exist between nominally identical devices because of variations in the doping level in the
silicon crystal slice or to other differences in manufacture.

This is achieved in the Ortofon circuit by individual collector-base bias current networks,
for which the penalty is the loss of some usable signal in the collector circuit. In the



Preamplifiers and Input Signals 177

éGBOR 1P—
%270R %270!? %270R %270}?

1000 uF '\l 1ooo pF '\l 1000 uF 1ooo uF '7

0.4R 1000
Output
1KO
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Linn/Naim and Braithwaite designs, this evening out of transistor characteristics in
circuits having common base connections is achieved by the use of individual emitter
resistors to swamp such differences in device characteristics. In this case, the penalty is
that such resistors add to the base-emitter circuit impedance when the task of the design
is to reduce this.

7.6.3 Monolithic Super-Matched Input Devices

An alternative method of reducing the input circuit impedance, without the need for
separate bias systems or emitter circuit-swamping resistors, is to employ a monolithic
(integrated circuit type) device in which a multiplicity of transistors has been
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simultaneously formed on the same silicon chip. Since these can be assumed to have
virtually identical characteristics, they can be paralleled, at the time of manufacture, to
give a very low impedance, low noise, matched pair.

An example of this approach is the National Semiconductors LM 194/394 super-match
pair, for which a suitable circuit is shown in Figure 7.8. This input device probably offers
the best input noise performance currently available, but is relatively expensive.

7.6.4 Small Power Transistors as Input Devices

The base-emitter impedance of a transistor depends largely on the size of the junction
area on the silicon chip. This will be larger in power transistors than in small signal
transistors, which mainly employ relatively small chip sizes. Unfortunately, the current
gain of power transistors tends to decrease at low collector current levels, making them
unsuitable for this application.

However, use of the plastic encapsulated medium power (3—4 A lc max.) styles, in TO126,
T0127, and T0220 packages, at collector currents in the range of 1-3mA, achieves a
satisfactory compromise between input circuit impedance and transistor performance and
allows the design of very linear low-noise circuitry. Two examples of MC head amplifier
designs of this type, by the author, are shown in Figures 7.9 and 7.10.



180 Chapter 7

—» 1.5mA
(—> 200pA (—> 1.3mA +3V
1K = 4K7 = BC214
—K 0.1uF S 470 uF
BC18E—-
== 470pF 47uF
AN 1| o) output
330R
[ 4K7 §
820R §
BD435
= 1nF
Input >I 1
@ T i8R 60X ¢, 30x
(Gain)
330R
; 18R 18R é
T 2500 uF
oV

Figure 7.9: Cascode input moving coil head amplifier.

The penalty in this case is that, because such transistor types are not specified for low
noise operation, some preliminary selection of the devices is desirable, although, in

the writer’s experience, the bulk of the devices of the types shown will be found to be
satisfactory in this respect.

In the circuit shown in Figure 7.9, the input device is used in the common base (cascode)
configuration so that the input current generated by the PU cartridge is transferred
directly to the higher impedance point at the collector of this transistor so that the stage
gain, prior to the application of negative feedback to the input transistor base, is simply
the impedance transformation due to the input device.
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Figure 7.10: Very low-noise, low-distortion, symmetrical MC head amplifier.

In the circuit of Figure 7.10, the input transistors are used in a more conventional
common-emitter mode, but the two input devices, although in a push—pull configuration,
are effectively connected in parallel so far as the input impedance and noise figure are
concerned. The very high degree of symmetry of this circuit assists in minimizing both
harmonic and transient distortions.

Both of these circuits are designed to operate from 3-V DC “pen cell” battery supplies
to avoid the introduction of mains hum due to the power supply circuitry or to earth loop
effects. In mains-powered head amps, great care is always necessary to avoid supply line
signal or noise intrusions in view of the very low signal levels at both the inputs and the
outputs of the amplifier stage.

It is also particularly advisable to design such amplifiers with single point “0-V” line
and supply line connections, which should be coupled by a suitable combination of good
quality decoupling capacitors.
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Figure 7.11: Moving coil/moving magnet RIAA input stage in a Technics SU-V10 amplifier.

7.6.5 Very Low Noise IC Op-Amps

The development, some years ago, of very low noise IC operational amplifiers, such as
the Precision Monolithics OP-27 and OP-37 devices, has led to the proliferation of very
high-quality, low-noise, low-distortion ICs aimed specifically at the audio market, such
as the Signetics NE-5532/ 5534, the NS LM833, the PMI SSM2134/2139, and the TI
TLO051/052 devices.

With ICs of this type, it is a simple matter to design a conventional RIAA input stage in
which the provision of a high-sensitivity, low-noise, moving coil PU input is accomplished
by simply reducing the value of the input load resistor and increasing the gain of the
RIAA stage in comparison with that needed for higher output PU types. An example of a
typical Japanese design of this type is shown in Figure 7.11.

7.6.6 Other Approaches

A very ingenious, fully symmetrical circuit arrangement that allows the use of normal
circuit layouts and components in ultralow noise (e.g., moving coil PU and similar
signal level) inputs has been introduced by “Ouad” (Quad Electroacoustics Ltd.) and is
employed in all their current series of preamps. This exploits the fact that, at low input
signal levels, bipolar junction transistors will operate quite satisfactorily with their base
and collector junctions at the same DC potential and permits the type of input circuit
shown in Figure 7.12.

In the particular circuit shown, that used in the “Quad 44” disc input, a two-stage
equalization layout is employed, using the type of structure illustrated in Figure 7.4(g),
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with the gain of the second stage amplifier (a TLO71 IC op-amp) switchable to suit the
type of input signal level available.

7.7 Input Connections

For all low-level input signals, care must be taken to ensure that the connections are

of low contact resistance. This is obviously an important matter in the case of low-
impedance circuits such as those associated with MC PU inputs, but is also important in
higher impedance circuitry, as the resistance characteristics of poor contacts are likely to
be nonlinear, and to introduce both noise and distortion.

In the better class modern units, the input connectors will invariably be of the “phono”
type, and both the plugs and the connecting sockets will be gold plated to reduce the
problem of poor connections as a consequence of contamination or tarnishing of the
metallic contacts.

The use of separate connectors for L and R channels also lessens the problem of
interchannel breakthrough due to capacitative coupling or leakage across the socket
surface, a problem that can arise in the five- and seven-pin DIN connectors if they are
fitted carelessly, particularly when both inputs and outputs are taken to that same DIN
connector.
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7.8 Input Switching

The comments made about input connections are equally true for the necessary switching
of the input signal sources. Separate, but mechanically interlinked, switches of the push-
on, push-off type are to be preferred to the ubiquitous rotary wafer switch, in that it is
much easier, with separate switching elements, to obtain the required degree of isolation
between inputs and channels than would be the case when the wiring is crowded around
the switch wafer.

However, even with separate push switches, the problem remains that the input
connections will invariably be made to the rear of the amplifier/preamplifier unit,
whereas the switching function will be operated from the front panel so that the internal
connecting leads must traverse the whole width of the unit.

Other switching systems, based on relays, or bipolar or field effect transistors, have

been introduced to lessen the unwanted signal intrusions, which may arise on a lengthy
connecting lead. The operation of a relay, which will behave simply as a remote switch
when its coil is energized by a suitable DC supply, is straightforward, although for
optimum performance it should either be hermetically sealed or have noble metal contacts
to resist corrosion.

7.8.1 Transistor Switching

Typical bipolar and FET input switching arrangements are shown in Figures 7.13 and
7.14. In the case of the bipolar transistor switch circuit of Figure 7.13, the nonlinearity

of the junction device when conducting precludes its use in the signal line; the circuit

is therefore arranged so that the transistor is nonconducting when the signal is passing
through the controlled signal channel, but acts as a short-circuit to shunt the signal path to
the 0-V line when it is caused to conduct.

In the case of the FET switch, if R; and R, are high enough, the nonlinearity of the
conducting resistance of the FET channel will be swamped, and the harmonic and other
distortions introduced by this device will be negligible (typically less than 0.02% at 1 V
rms and 1kHz).

The CMOS bilateral switches of the CD4066 type are somewhat nonlinear and have a
relatively high level of breakthrough. For these reasons they are generally thought to be
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Figure 7.13: Bipolar transistor-operated shunt switching. [Also suitable for

small-power metal-oxide-semiconductor field-effect transistor
(MOSFET) devices.]

unsuitable for high-quality audio equipment where such remote switching is employed to
minimize cross talk and hum pick up.

However, such switching devices could well offer advantages in lower quality equipment
where the cost savings is being able to locate the switching element on the printed circuit
board, at the point where it was required, might offset the device cost.
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Figure 7.14: Junction FET input switching circuit.

7.8.2 Diode Switching

Diode switching of the form shown in Figure 7.15, while employed very commonly in RF
circuitry, is unsuitable for audio use because of the large shifts in the DC level between
the “on” and “off” conditions, which would produce intolerable “bangs” on operation.

For all switching, quietness of operation is an essential requirement, and this demands
that care shall be taken to ensure that all of the switched inputs are at the same DC
potential, preferably that of the 0-V line. For this reason, it is customary to introduce DC
blocking capacitors on all input lines, as shown in Figure 7.16, and the time constants

of the input RC networks should be chosen so that there is no unwanted loss of low-
frequency signals due to this cause.

VOLTAGE AMPLIFIERS AND CONTROLS
7.9 Preamplifier Stages

The popular concept of hi-fi attributes the major role in final sound quality to the audio
power amplifier and the output devices or output configuration that it uses. Yet in reality
the preamplifier system, used with the power amplifier, has at least as large an influence
on the final sound quality as the power amplifier, and the design of the voltage gain stages
within the pre- and power amplifiers is just as important as that of the power output
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stages. Moreover, developments in the design of such voltage amplifier stages have
allowed continuing improvement in amplifier performance.

The developments in solid-state linear circuit technology that have occurred over the past
30 years seem to have been inspired in about equal measure by the needs of linear integrated
circuits and by the demands of high-quality audio systems; engineers working in both of
these fields have watched each other’s progress and borrowed from each other’s designs.

In general, the requirements for voltage gain stages in both audio amplifiers and
integrated-circuit operational amplifiers are very similar. These are that they should be
linear, which implies that they are free from waveform distortion over the required output
signal range, have as high a stage gain as is practicable, have a wide AC bandwidth and a
low noise level, and are capable of an adequate output voltage swing.

The performance improvements that have been made over this period have been due

in part to the availability of new or improved types of semiconductor devices and in

part to a growing understanding of the techniques for the circuit optimization of device
performance. The interrelation of these aspects of circuit design is considered next.

7.10 Linearity
7.10.1 Bipolar Transistors

In the case of a normal bipolar (NPN or PNP) silicon junction transistor, for which the
chip cross section and circuit symbol are shown in Figure 7.17, the major problem in

Base Emitter
A |
N

P \ ‘NPN' B

/ N Collector \ E
LSS LS LSS S S S

Mounting substrate

Base Emitter
C
N P ‘PNP B 4;

P Collector \ E
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Figure 7.17: Typical chip cross section of NPN and PNP silicon planar epitaxial transistors.
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Figure 7.18: Typical transfer characteristic of a silicon transistor.

obtaining good linearity lies in the nature of the base voltage/collector current transfer
characteristic, shown in the case of a typical “NPN” device (a “PNP” device would have a
very similar characteristic, but with negative voltages and currents) in Figure 7.18.

In this, it can be seen that the input/output transfer characteristic is strongly curved in
the region “X—Y” and that an input signal applied to the base of such a device, which
is forward biased to operate within this region, would suffer from the very prominent
(second harmonic) waveform distortion shown in Figure 7.19.

The way this type of nonlinearity is influenced by the signal output level is shown
in Figure 7.20. It is normally found that the distortion increases as the output signal
increases, and conversely.

There are two major improvements in the performance of such a bipolar amplifier stage
that can be envisaged from these characteristics. First, because the nonlinearity is due to
the curvature of the input characteristics of the device—the output characteristics, shown
in Figure 7.21, are linear—the smaller the input signal that is applied to such a stage, the
lower the nonlinearity, so that a higher stage gain will lead to reduced signal distortion
at the same output level. Second, the distortion due to such a stage is very largely second
harmonic in nature.
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Figure 7.22: Transistor voltage amplifier using a long-tailed pair circuit layout.

This implies that a “push—pull” arrangement, such as the so-called “long-tailed pair”
circuit shown in Figure 7.22, which tends to cancel second harmonic distortion
components, will greatly improve the distortion characteristics of such a stage.

Also, because the output voltage swing for a given input signal (the stage gain) will
increase as the collector load (R, in Figure 7.22) increases, the higher the effective
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impedance of this, the lower the distortion that will be introduced by the stage, for any
given output voltage signal.

If a high value resistor is used as the collector load for Q, in Figure 7.22, either a very
high supply line voltage must be applied, which may exceed the voltage ratings of the
devices, or the collector current will be very small, which will reduce the gain of the
device and therefore tend to diminish the benefit arising from the use of a higher value
load resistor.

Various circuit techniques have been evolved to circumvent this problem by producing
high dynamic impedance loads, which nevertheless permit the amplifying device to
operate at an optimum value of collector current. These techniques are discussed later.

An unavoidable problem associated with the use of high values of collector load
impedance as a means of attaining high stage gains in such amplifier stages is that the
effect of “stray” capacitances, shown as C, in Figure 7.23, is to cause the stage gain to
decrease at high frequencies as the impedance of the stray capacitance decreases and
progressively begins to shunt the load. This effect is shown in Figure 7.24, in which the
“transition” frequency, f, (the —3-dB gain point) is that frequency at which the shunt
impedance of the stray capacitance is equal to that of the load resistor, or its effective
equivalent, if the circuit design is such that an “active load” is used in its place.

+V

A > Eout

o

Figure 7.23: Circuit effect of stray capacitance.



Preamplifiers and Input Signals 193

7.10.2 Field Effect Devices

Other devices that may be used as amplifying components are field effect transistors
and MOS devices. Both of these components are very much more linear in their transfer
characteristics but have a very much lower mutual conductance (G,,).

This is a measure of the rate of change of output current as a function of an applied
change in input voltage. For all bipolar devices, this is strongly dependent on collector
current and is, for a small signal silicon transistor, typically of the order of 45 mA/V per
mA collector current. Power transistors, operating at relatively high collector currents,
for which a similar relationship applies, may therefore offer mutual conductances in the
range of amperes/volt.

Because the output impedance of an emitter follower is approximately 1/G,,,, power
output transistors used in this configuration can offer very low values of output
impedance, even without externally applied negative feedback.

All field effect devices have very much lower values for G,,,, which will lie, for small-
signal components, in the range 2—10mA/V, not significantly affected by drain currents.
This means that amplifier stages employing field-effect transistors, although much more
linear, offer much lower stage gains, with other things being equal.

The transfer characteristics of junction (bipolar) FETs, and enhancement and depletion
mode MOSFETS are shown in Figure 7.25.

dB 4 Output signal voltage

Frequency

Figure 7.24: Influence of circuit stray capacitances on stage gain.
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Figure 7.25: Gate voltage versus drain current characteristics of field-effect devices.

7.10.2.1 Metal-Oxide—Semiconductor Field-Effect Transistors

Metal-oxide—semiconductor field-effect transistors, in which the gate electrode is isolated
from the source/drain channel, have very similar transfer characteristics to that of junction
FETs. They have an advantage that, since the gate is isolated from the drain/source
channel by a layer of insulation, usually silicon oxide or nitride, no maximum forward
gate voltage can be applied—within the voltage breakdown limits of the insulating layer.
In a junction FET the gate, which is simply a reverse biased PN diode junction, will
conduct if a forward voltage somewhat in excess of 0.6 V is applied.

The chip constructions and circuit symbols employed for small signal lateral MOSFETs
and junction FETs (known simply as FETs) are shown in Figures 7.26 and 7.27.
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Figure 7.27: Chip cross section and circuit symbols for (bipolar) junction FET.

It is often found that the chip construction employed for junction FETs is symmetrical, so
that the source and drain are interchangeable in use. For such devices the circuit symbol
shown in Figure 7.27(c) should be used properly.

A practical problem with lateral devices, in which the current flow through the device
is parallel to the surface of the chip, is that the path length from source to drain, and
hence the device impedance and current carrying capacity, is limited by the practical
problems of defining and etching separate regions that are in close proximity during the
manufacture of the device.

7.10.2.2 V-MOS and T-MOS

This problem is not of very great importance for small signal devices, but is a major
concern in high current ones such as those employed in power output stages. It has led

to the development of MOSFETsS in which the current flow is substantially in a direction
that is vertical to the surface and in which the separation between layers is determined by
diffusion processes rather than by photolithographic means.
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Devices of this kind, known as V-MOS and T-MOS constructions, are shown in Figure 7.28.

Although these were originally introduced for power output stages, the electrical
characteristics of such components are so good that these have been introduced, in
smaller power versions, specifically for use in small signal linear amplifier stages. Their
major advantages over bipolar devices, having equivalent chip sizes and dissipation
ratings, are their high input impedance, their greater linearity, and their freedom from
“hole storage” effects if driven into saturation.

These qualities are increasingly attracting the attention of circuit designers working

in the audio field, where there is a trend toward the design of amplifiers having a very
high intrinsic linearity rather than relying on the use of negative feedback to linearize an
otherwise worse design.

7.10.2.3 Breakdown

A specific problem that arises in small signal MOSFET devices is that, because the gate-
source capacitance is very small, it is possible to induce breakdown of the insulating

Source Gate metallisation

Oxide layer

«€ ¥
Current flow

Drain and substrate
(a)
Gate Oxide layer

Polysilicon gate
Source metallisation

Drain and substrate
(b)
Figure 7.28: Power MOSFET constructions using (a) V and (b) T configurations. (Practical

devices will employ many such cells in parallel.)
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layer, which destroys the device, as a result of transferred static electrical charges arising
from mishandling.

Although widely publicized and the source of much apprehension, this problem is
actually very rarely encountered in use, as small signal MOSFETsSs usually incorporate
protective zener diodes to prevent this eventuality, and power MOSFETS, where such
diodes may not be used because they may lead to inadvertent “thyristor’” action, have
such a high gate-source capacitance that this problem does not normally arise.

In fact, when such power MOSFETsS do fail, it is usually found to be because of circuit
design defects, which have either allowed excessive operating potentials to be applied
to the device, or have permitted inadvertent VHF oscillation, which has led to thermal
failure.

7.11 Noise Levels

Improved manufacturing techniques have lessened the differences between the various
types of semiconductor devices in respect to intrinsic noise level. For most practical
purposes it can now be assumed that the characteristics of the device will be defined by
the thermal noise figure of the circuit impedances. This relationship is shown in the graph
of Figure 7.29.
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Figure 7.29: Thermal noise output as a function of circuit impedance.
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For very low noise systems, operating at circuit impedance levels that have been
deliberately chosen to be as low as practicable—such as in moving coil PU head
amplifiers—bipolar junction transistors are still the preferred device. These will either
be chosen to have a large base junction area or will be employed as a parallel-connected
array, as, for example, in the LM194/394 “super-match pair” ICs, where a multiplicity
of parallel-connected transistors are fabricated on a single chip, giving an effective input
(noise) impedance as low as 40 ohms.

However, recent designs of monolithic-dual J-FETs, using a similar type of multiple

parallel-connection system, such as the Hitachi 2SK389, can offer equivalent thermal
noise resistance values as low as 33 ohms and a superior overall noise figure at input
resistance values in excess of 100 ohms.

At impedance levels beyond about 1 kilohm there is little practical difference between
any devices of recent design. Earlier MOSFET types were not so satisfactory because
of excess noise effects arising from carrier-trapping mechanisms in impurities at the
channel/gate interface.

7.12 Output Voltage Characteristics

Since it is desirable that output overload and signal clipping do not occur in audio
systems, particularly in stages preceding the gain controls, much emphasis has been
placed on the so-called “headroom” of signal handling stages, especially in hi-fi
publications where the reviewers are able to distance themselves from the practical
problems of circuit design.

While it is obviously desirable that inadvertent overload shall not occur in stages
preceding signal level controls, high levels of feasible output voltage swing demand the
use of high voltage supply rails, which, in turn, demand the use of active components that
can support such working voltage levels.

Not only are such devices more costly, but they will usually have poorer performance
characteristics than similar devices of lower voltage ratings. Also, the requirement for
the use of high voltage operation may preclude the use of components having valuable
characteristics, but which are restricted to lower voltage operation.
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Practical audio circuit designs will therefore regard headroom simply as one of a group
of desirable parameters in a working system whose design will be based on careful
consideration of the maximum input signal levels likely to be found in practice.

Nevertheless, improved transistor or IC types, and new developments in circuit
architecture, are welcomed as they occur and have eased the task of the audio design
engineer, for whom the advent of new program sources, in particular the compact disc,
and now digital audio tape systems, has greatly extended the likely dynamic range of the
output signal.

7.12.1 Signal Characteristics

The practical implications of this can be seen from a consideration of the signal
characteristics of existing program sources. Of these, in the past, the standard vinyl
(“black™) disc has been the major determining factor. In this, practical considerations of
groove tracking have limited the recorded needle tip velocity to about 40 cm/s, and typical
high-quality PU cartridges capable of tracking this recorded velocity will have a voltage
output of some 3mV at a standard 5-cm/s recording level.

If the preamplifier specification calls for maximum output to be obtainable at a 5-cm/s
input, then the design should be chosen so that there is a “headroom factor” of at least 8 X
in such stages preceding the gain controls.

In general, neither FM broadcasts, where the dynamic range of the transmitted signal is
limited by the economics of transmitter power, nor cassette recorders, where the dynamic
range is constrained by the limited tape overload characteristics, have offered such a high
practicable dynamic range.

It is undeniable that the analogue tape recorder, when used at 15in/s, twin-track, will
exceed the LP record in dynamic range. After all, such recorders were originally used
for mastering the discs. But such program sources are rarely found except among “live
recording” enthusiasts. However, the compact disc, which is becoming increasingly
common among purely domestic hi-fi systems, presents a new challenge, as the
practicable dynamic range of this system exceeds 80dB (10,000:1), and the likely range
from mean (average listening level) to peak may well be as high as 35dB (56:1) in
comparison with the 18-dB (8:1) range likely with the vinyl disc.
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Fortunately, because the output of the compact disc player is at a high level, typically
2V rms, and requires no signal or frequency response conditioning prior to use, the gain
control can be sited directly at the input of the preamp. Nevertheless, this still leaves the
possibility that signal peaks may occur during use that are some 56X greater than the
mean program level, with the consequence of the following amplifier stages being driven
hard into overload.

This has refocused attention on the design of solid-state voltage amplifier stages having a
high possible output voltage swing and upon power amplifiers that either have very high
peak output power ratings or more graceful overload responses.

7.13 Voltage Amplifier Design

The sources of nonlinearity in bipolar junction transistors have already been referred
to, in respect to the influence of collector load impedance, and push—pull symmetry in
reducing harmonic distortion. An additional factor with bipolar junction devices is the
external impedance in the base circuit, as the principal nonlinearity in a bipolar device
is that due to its input voltage/output current characteristics. If the device is driven from
a high impedance source, its linearity will be substantially greater, since it is operating
under conditions of current drive.

This leads to the good relative performance of the simple, two-stage, bipolar transistor
circuit of Figure 7.30 in that the input transistor, Q;, is only required to deliver a very
small voltage drive signal to the base of O, so that the signal distortion due to Q; will

Figure 7.30: A two-stage transistor voltage amplifier.
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be low. Q,, however, which is required to develop a much larger output voltage swing,
with a much greater potential signal nonlinearity, is driven from a relatively high source
impedance, composed of the output impedance of Q;, which is very high indeed, in
parallel with the base-emitter resistor, R;. Ry, Ry, and R3/C, are employed to stabilize the
DC working conditions of the circuit.

Normally, this circuit is elaborated somewhat to include both DC and AC negative
feedback from the collector of Q, to the emitter of O, as shown in the practical amplifier
circuit of Figure 7.31.

This is capable of delivering a 14-V p-p output swing, at a gain of 100, and a bandwidth
of 15Hz to 250kHz, at —3-dB points; largely determined by the value of C, and the
output capacitances, with a THD figure of better that 0.01% at 1kHz.

The practical drawbacks of this circuit relate to the relatively low value necessary for
Rs—with the consequent large value necessary for C, if a good LF response is desired,
and the DC offset between point ‘X’ and the output, due to the base-emitter junction
potential of O, and the DC voltage drop along Rs, which makes this circuit relatively
unsuitable in DC amplifier applications.

An improved version of this simple two-stage amplifier circuit is shown in Figure 7.32, in
which the single input transistor has been replaced by a “long-tailed pair” configuration
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Figure 7.31: A practical two-transistor feedback amplifier.
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Figure 7.32: Improved two-stage feedback amplifier.

of the type shown in Figure 7.32. In this, if the two-input transistors are reasonably well
matched in current gain and if the value of R; is chosen to give an equal collector current
flow through both Q; and Q,, the DC offset between input and output will be negligible,
which will allow the circuit to be operated between symmetrical (+ and —) supply rails
over a frequency range extending from DC to 250kHz or more.

Because of the improved rejection of odd harmonic distortion inherent in the input
“push—pull” layout, the THD due to this circuit, particularly at less than maximum output
voltage swing, can be extremely low, which probably forms the basis of the bulk of linear
amplifier designs. However, further technical improvements are possible, which are
discussed next.

7.14 Constant-Current Sources and “Current Mirrors”

As mentioned earlier, the use of high-value collector load resistors in the interests of high
stage gain and low inherent distortion carries with it the penalty that the performance of
the amplifying device may be impaired by the low collector current levels that result from
this approach.

Advantage can, however, be taken of the very high output impedance of a junction
transistor, which is inherent in the type of collector current/supply voltage characteristics
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Figure 7.33: Transistor constant current source.

illustrated in Figure 7.21, where even at currents in the 1- to 10-mA region, dynamic
impedances of the order of 100 kilohms may be expected.

A typical circuit layout that utilizes this characteristic is shown in Figure 7.33, in which
R; and R, form a potential divider to define the base potential of Q;, and R; defines the
total emitter or collector currents for this effective base potential.

This configuration can be employed with transistors of either PNP or NPN types, which
allow the circuit designer considerable freedom in their application.

An improved, two-transistor, constant current source is shown in Figure 7.34. In this, R;
is used to bias Q, into conduction, and Q, is employed to sense the voltage developed
across R,, which is proportional to emitter current, and to withdraw the forward bias from
O, when that current level is reached at which the potential developed across R, is just
sufficient to cause Q; to conduct.

The performance of this circuit is greatly superior to that of Figure 7.33 in that the output
impedance is about 10X greater and the circuit is insensitive to the potential, + Vi,
applied to Ry, so long as it is adequate to force both O, and Q, into conduction.

An even simpler circuit configuration makes use of the inherent very high output
impedance of a junction FET under constant gate bias conditions. This employs the
circuit layout shown in Figure 7.35, which allows a true “two-terminal” constant current
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Figure 7.34: Two-transistor constant current source.

source, independent of supply lines or reference potentials, and which can be used at
either end of the load chain.

The current output from this type of circuit is controlled by the value chosen for Ry,

and this type of constant current source may be constructed using almost any available
junction FET, provided that the voltage drop across the FET drain-gate junction does not
exceed the breakdown voltage of the device. This type of constant current source is also
available as small, plastic-encapsulated, two-lead devices, at a relatively low cost, and
with a range of specified output currents.

All of these constant current circuit layouts share the common small disadvantage that
they will not perform very well at low voltages across the current source element. In the
case of Figures 7.33 and 7.34, the lowest practicable operating potential will be about 1 V.
The circuit of Figure 7.35 may require, perhaps, 2-3V, and this factor must be considered
in circuit performance calculations.

The “boot-strapped” load resistor arrangement shown in Figure 7.36, and commonly used
in earlier designs of audio amplifier to improve the linearity of the last class ‘A’ amplifier
stage (Q;), effectively multiplies the resistance value of R, by the gain which O, would be
deemed to have if operated as a common-emitter amplifier with a collector load of R; in
parallel with R;.

This arrangement is the best configuration practicable in terms of available rms output
voltage swing as compared with conventional constant current sources, but has fallen into
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Figure 7.36: Load impedance increase by boot-strap circuit.

disuse because it leads to slightly lower quality THD figures than are possible with other
circuit arrangements.

All these circuit arrangements suffer from a further disadvantage, from the point of view
of the integrated circuit designer: they employ resistors as part of the circuit design, and
resistors, although possible to fabricate in IC structures, occupy a disproportionately large
area of the chip surface. Also, they are difficult to fabricate to precise resistance values
without resorting to subsequent laser trimming, which is expensive and time-consuming.
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Because of this, there is a marked preference on the part of IC design engineers for the
use of circuit layouts known as “current mirrors,” of which a simple form is shown in
Figure 7.37.

7.14.1 IC Solutions

These are not true constant current sources in that they are only capable of generating an
output current (L) that is a close equivalent of the input or drive current (L;,). However,
the output impedance is very high, and if the drive current is held to a constant value, the
output current will also remain constant.

A frequently found elaboration of this circuit, which offers improvements in respect to
output impedance and the closeness of equivalence of the drive and output currents, is
shown in Figure 7.38. Like the junction FET-based constant current source, these current
mirror devices are available as discrete, plastic-encapsulated, three-lead components,
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Figure 7.37: Simple form of a current mirror.
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Figure 7.38: Improved form of a current mirror.
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having various drive current/output current ratios, for incorporation into discrete
component circuit designs.

The simple amplifier circuit of Figure 7.32 can be elaborated, as shown in Figure 7.39,
to employ these additional circuit refinements, which would have the effect of increasing
the open-loop gain, that is, that before negative feedback is applied, by 10—100X and
improving the harmonic and other distortions, and the effective bandwidth by perhaps
3—10X . From the point of view of the IC designer, there is also the advantage of a
potential reduction in the total resistor count.

These techniques for improving the performance of semiconductor amplifier stages
find particular application in the case of circuit layouts employing junction FETs and
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Figure 7.39: Use of circuit elaboration to improve the two-stage amplifier of Figure 7.32.
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MOSFETSs, where the lower effective mutual conductance values for the devices would
normally result in relatively poor stage gain figures.

This has allowed the design of IC operational amplifiers, such as the RCA CA3140
series or the Texas Instruments TLO71 series, which employ, respectively, MOSFET and
junction FET input devices. The circuit layout employed in the TLO71 is shown, by way
of example, in Figure 7.40.

Both of these op-amp designs offer input impedances in the million megohm range— in
comparison with the input impedance figures of 5—10 kilohm, which were typical of
early bipolar ICs—and the fact that the input impedance is so high allows the use of such
ICs in circuit configurations for which earlier op-amp ICs were entirely inappropriate.
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Figure 7.40: Circuit layout of Texas Instruments TLO71 op-amp.
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Although the RCA design employs MOSFET input devices, which offer, in principle, an
input impedance that is perhaps 1000 times better than this figure, the presence of on-chip
Zener diodes, to protect the device against damage through misuse or static electric charges,
reduces the input impedance to roughly the same level as that of the junction FET device.

It is a matter for some regret that the design of the CA3140 series devices is now so
elderly that the internal MOSFET devices do not offer the low level of internal noise of
which more modern MOSFET types are capable. This tends to rule out the use of this
MOSEFET op-amp for high-quality audio use, although the TLO71 and its equivalents,
such as the LF351, have demonstrated impeccable audio behavior.

7.15 Performance Standards

It has always been accepted in the past, and is still held as axiomatic among a very large
section of the engineering community, that performance characteristics can be measured
and that improved levels of measured performance will correlate precisely, within the
ability of the ear to detect such small differences, with improvements that the listener will
hear in reproduced sound quality.

Within a strictly engineering context, it is difficult to do anything other than accept the
concept that measured improvements in performance are the only things that should
concern the designer.

However, the frequently repeated claim by journalists and reviewers working for
periodicals in the hi-fi field—who, admittedly, are unlikely to be unbiased witnesses—
that measured improvements in performance do not always go hand in hand with the
impressions that the listener may form, tends to undermine the confidence of the circuit
designer that the instrumentally determined performance parameters are all that matter.

It is clear that it is essential for engineering progress that circuit design improvements
must be sought that lead to measurable performance improvements. However, there is
now also the more difficult criterion that those things that appear to be better, in respect to
measured parameters, must also be seen, or heard, to be better.

7.15.1 Use of ICs

This point is particularly relevant to the question of whether, in very high-quality audio
equipment, it is acceptable to use IC operational amplifiers, such as the TLO71, or some
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of the even more exotic later developments such as the NE5534 or the OP27, as the basic
gain blocks, around which the passive circuitry can be arranged, or whether, as some
designers believe, it is preferable to construct such gain blocks entirely from discrete
components.

Some years ago, there was a valid technical justification for this reluctance to use
op-amp ICs in high-quality audio circuitry, as the method of construction of such ICs
was as shown, schematically, in Figure 7.41, in which all the structural components
were formed on the surface of a heavily ‘P’ doped silicon substrate, and relied for their
isolation from one another or from the common substrate on the reverse-biased diodes
formed between these elements.

This led to a relatively high residual background noise level, in comparison with discrete
component circuitry, due to the effects of the multiplicity of reverse diode leakage
currents associated with every component on the chip. Additionally, there were quality
constraints in respect to the components formed on the chip surface—more severe for
some component types than for others—that also impaired the circuit performance.

A particular instance of this problem arose in the case of PNP transistors used in normal
ICs, where the circuit layout did not allow these to be formed with the substrate acting
as the collector junction. In this case, it was necessary to employ the type of construction
known as a “lateral PNP,” in which all the junctions are diffused in, from the exposed
chip surface, side by side.

In this type of device the width of the ‘N’ type base region, which must be very small
for optimum results, depends mainly on the precision with which the various diffusion
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masking layers can be applied. The results are seldom very satisfactory. Such a lateral
PNP device has a very poor current gain and HF performance.

In recent IC designs, considerable ingenuity has been shown in the choice of circuit
layout to avoid the need to employ such unsatisfactory components in areas where

their shortcomings would affect the end result. Substantial improvements, both in the
purity of the base materials and in diffusion technology, have allowed the inherent noise
background to be reduced to a level where it is no longer of practical concern.

7.15.2 Modern Standards

The standard of performance that is now obtainable in audio applications, from some of
the recent IC op—amps, especially at relatively low closed-loop gain levels, is frequently
of the same order as that of the best discrete component designs, but with considerable
advantages in other respects, such as cost, reliability, and small size.

This has led to their increasing acceptance as practical gain blocks, even in very high-
quality audio equipment.

When blanket criticism is made of the use of ICs in audio circuitry, it should be
remembered that the 741, which was one of the earliest of these ICs to offer a satisfactory
performance—although it is outclassed by more recent types—has been adopted with
enthusiasm, as a universal gain block, for the signal handling chains in many recording
and broadcasting studios.

This implies that the bulk of the program signals employed by the critics to judge whether
or not a discrete component circuit is better than that using an IC will already have passed
through a sizeable handful of 741-based circuit blocks, and if such ICs introduce audible
defects, then their reference source is already suspect.

It is difficult to stipulate the level of performance that will be adequate in a high-quality
audio installation. This arises partly because there is little agreement between engineers
and circuit designers, on the one hand, and the hi-fi fraternity, on the other hand, about
the characteristics that should be sought and partly because of the wide differences

that exist between listeners in their expectations for sound quality or their sensitivity

to distortions. These differences combine to make it a difficult and speculative task to
attempt either to quantify or to specify the technical components of audio quality or to
establish an acceptable minimum-quality level.



212 Chapter 7

Because of this uncertainty, the designer of equipment in which price is not a major
consideration will normally seek to attain standards substantially in excess of those that
he supposes to be necessary, simply in order not to fall short. This means that the reason
for the small residual differences in the sound quality, as between high-quality units, is
the existence of malfunctions of types that are not currently known or measured.

7.16 Audibility of Distortion
7.16.1 Harmonic and Intermodulation Distortion

Because of the small dissipations that are normally involved, almost all discrete
component voltage amplifier circuitry will operate in class ‘A’ (that condition in which
the bias applied to the amplifying device is such as to make it operate in the middle of
the linear region of its input/output transfer characteristic), and the residual harmonic
components are likely to be mainly either second or third order, which are audibly much
more tolerable than higher order distortion components.

Experiments in the late 1940s suggested that the level of audibility for second and third
harmonics was of the order of 0.6 and 0.25%, respectively, which led to the setting of a
target value, within the audio spectrum, of 0.1% THD, as desirable for high-quality audio
equipment.

However, recent work aimed at discovering the ability of an average listener to detect

the presence of low-order (i.e., second or third) harmonic distortions has drawn the
uncomfortable conclusion that listeners, taken from a cross section of the public, may rate
a signal to which 0.5% second harmonic distortion has been added as “more musical”
than, and therefore preferable to, the original undistorted input. This discovery tends to
cast doubt on the value of some subjective testing of equipment.

What is not in dispute is that the intermodulation distortion (IMD), which is associated
with any nonlinearity in the transfer characteristics, leads to a muddling of the sound
picture so that if the listener is asked not which sound he prefers, but which sound seems
to him to be the clearer, he will generally choose that with the lower harmonic content.

The way in which IMD arises is shown in Figure 7.42, where a composite signal
containing both high-frequency and low-frequency components, fed through a nonlinear
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Figure 7.42: Intermodulation distortions produced by the effect of a nonlinear input/output
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Figure 7.43: Simple HF two-tone intermodulation distortion test.

system, causes each signal to be modulated by the other. This is conspicuous in the
drawing in respect to the HF component, but is also true for the LF one.

This can be shown mathematically to be due to the generation of sum and difference
products, in addition to the original signal components, and provides a simple method,
shown schematically in Figure 7.43, for the detection of this type of defect. A more
formal IMD measurement system is shown in Figure 7.44.

With present circuit technology and device types, it is customary to design for total
harmonic and IM distortions to be below 0.01% over the range 30 Hz—20kHz, and at all
signal levels below the onset of clipping. Linear IC op-amps, such as the TLO71 and the
LF351, will also meet this specification over the frequency range 30 Hz—10kHz.
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Figure 7.44: Two-tone intermodulation distortion test rig.

Figure 7.45: Effect of amplifier slew-rate saturation or transient intermodulation distortion.

7.16.2 Transient Defects

A more insidious group of signal distortions may occur when brief signals of a transient
nature, or sudden step type changes in base level, are superimposed on the more
continuous components of the program signal. These defects can take the form of
slew-rate distortions, usually associated with a loss of signal during the period of the
slew-rate saturation of the amplifier—often referred to as transient intermodulation
distortion or TID.

This defect is illustrated in Figure 7.45 and arises particularly in amplifier systems
employing substantial amounts of negative feedback when there is some slew-rate
limiting component within the amplifier, as shown in Figure 7.46.

A further problem is that due to “overshoot,” or “ringing,” on a transient input, as
illustrated in Figure 7.47. This arises particularly in feedback amplifiers if there is
an inadequate stability margin in the feedback loop, particularly under reactive load
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Figure 7.47: Transient “ringing.”

conditions, but will also occur in low-pass filter systems if too high an attenuation rate is
employed.

The ear is very sensitive to slew-rate induced distortion, which is perceived as a
“tizziness” in the reproduced sound. Transient overshoot is normally noted as a somewhat
overbright quality. The avoidance of both these problems demands care in the circuit
design, particularly when a constant current source is used, as shown in Figure 7.48.

In this circuit, the constant current source, CC;, will impose an absolute limit on the
possible rate of change of potential across the capacitance, C; (which could well be
simply the circuit stray capacitance), when the output voltage is caused to move in a
positive-going direction. This problem is compounded if an additional current limit
mechanism, CC,, is included in the circuitry to protect the amplifier transistor (Q;) from
output current overload.
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Figure 7.49: Input HF limiting circuit to lessen slew-rate limiting.

Since output load and other inadvertent capacitances are unavoidable, it is essential to
ensure that all such current limited stages operate at a current level that allows potential
slewing to occur at rates that are at least 10X greater than the fastest signal components.
Alternatively, means may be taken, by way of a simple input integrating circuit, (R,;C,),
as shown in Figure 7.49, to ensure that the maximum rate of change of the input signal
voltage is within the ability of the amplifier to handle it.

7.16.3 Spurious Signals

In addition to harmonic, IM, and transient defects in the signal channel, which will show
up on normal instrumental testing, there is a whole range of spurious signals that may not
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arise in such tests. The most common of these is that of the intrusion of noise and alien
signals, either from the supply line or by direct radio pick up.

This latter case is a random and capricious problem that can only be solved by steps
appropriate to the circuit design in question. However, supply line intrusions, whether
because of unwanted signals from the power supply or from the other channel in a stereo
system, may be reduced greatly by the use of circuit designs offering a high immunity to
voltage fluctuations on the DC supply.

Other steps, such as the use of electronically stabilized DC supplies or the use of separate
power supplies in a stereo amplifier, are helpful, but the required high level of supply line
signal rejection should be sought as a design feature before other palliatives are applied.
Modern IC op-amps offer a typical supply voltage rejection ratio of 90dB (30,000:1).
Good discrete component designs should offer at least 80dB (10,000:1).

This figure tends to degrade at higher frequencies, which has led to the growing use
of supply line bypass capacitors having a low effective series resistance. This feature
is either a result of the capacitor design or is achieved in the circuit by the designer’s
adoption of groups of parallel connected capacitors chosen so that the AC impedance
remains low over a wide range of frequencies.

A particular problem in respect to spurious signals, which occurs in audio power
amplifiers, is a consequence of the loudspeaker acting as a voltage generator, when
stimulated by pressure waves within the cabinet, and injecting unwanted audio
components directly into the negative feedback loop of the amplifier. This specific
problem is unlikely to arise in small signal circuitry, but the designer must consider what
effect output/line load characteristics may have, particularly in respect to reduced stability
margin in a feedback amplifier.

In all amplifier systems there is a likelihood of microphonic effects due to vibration of
the components. This is likely to be of increasing importance at the input of “low-level,”
high-sensitivity preamplifier stages and can lead to coloration of the signal when the
equipment is in use, which is overlooked in the laboratory in a quiet environment.

7.16.4 Mains-Borne Interference

Mains-borne interference, as evidenced by noise pulses on switching electrical loads, is
most commonly due to radio pick up problems and is soluble by the techniques (attention
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to signal and earth line paths, avoidance of excessive HF bandwidth at the input stages)
that are applicable to these.

7.17 General Design Considerations

During the past three decades, a range of circuit design techniques has evolved to allow
the construction of highly linear gain stages based on bipolar transistors whose input
characteristics are, in themselves, very nonlinear. These techniques have also allowed
substantial improvements in possible stage gain and have led to greatly improved
performance from linear, but low gain, field-effect devices.

These techniques are used in both discrete component designs and in their monolithic
integrated circuit equivalents, although, in general, the circuit designs employed in linear
ICs are considerably more complex than those used in discrete component layouts.

This is partly dictated by economic considerations, partly by the requirements of
reliability, and partly because of the nature of IC design.

The first two of these factors arise because both the manufacturing costs and the
probability of failure in a discrete component design are directly proportional to the
number of components used, so the fewer the better, whereas in an IC, both the reliability
and the expense of manufacture are affected only minimally by the number of circuit
elements employed.

In the manufacture of ICs, as indicated earlier, some of the components that must be
employed are much worse than their discrete design equivalents. This has led the IC
designer to employ fairly elaborate circuit structures, either to avoid the need to use a
poor-quality component in a critical position or to compensate for its shortcomings.

Nevertheless, the ingenuity of the designers and the competitive pressures of the market-
place have resulted in systems having a very high performance, usually limited only

by their inability to accept differential supply line potentials in excess of 36 V unless
nonstandard diffusion processes are employed.

For circuitry requiring higher output or input voltage swings than allowed by small signal
ICs, the discrete component circuit layout is, at the moment, unchallenged. However, as
every designer knows, it is a difficult matter to translate a design that is satisfactory at a
low working voltage design into an equally good higher voltage system.
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This is because:

718

increased applied potentials produce higher thermal dissipations in the
components for the same operating currents;

device performance tends to deteriorate at higher interelectrode potentials and
higher output voltage excursions; and,

available high/voltage transistors tend to be more restricted in variety and less
good in performance than lower voltage types.

Controls

These fall into a variety of categories:

gain controls needed to adjust the signal level between source and power
amplifier stages;

tone controls used to modify the tonal characteristics of the signal chain; and,

filters employed to remove unwanted parts of the incoming signal, and those
adjustments used to alter the quality of the audio presentation, such as stereo
channel balance or channel separation controls.

7.18.1 Gain Controls

These are the simplest in basic form and are often just a resistive potentiometer voltage
divider of the type shown in Figure 7.50. Although simple, this component can generate
a variety of problems. Of these, the first is due to the value chosen for R;. Unless this is
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Figure 7.50: Standard gain control circuit.
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infinitely high, it will attenuate the maximum signal voltage (E,,,,) obtainable from the
source, in the ratio

E XR
E — n 1
(R +Z

source )

where Zg, e is the output impedance of the driving circuit. This factor favors the use of a
high value for R to avoid loss of input signal.

However, the following amplifier stage may have specific input impedance requirements
and is unlikely to operate satisfactorily unless the output impedance of the gain control
circuit is fairly low. This will vary according to the setting of the control, between zero
and a value, at the maximum gain setting of the control, due to the parallel impedances of
the source and gain control.

R
ZOU[ = L
(R, +Z

source )

The output impedance at intermediate positions of the control varies as the effective
source impedance and the impedance to the O-V line are altered. However, in general,
these factors would encourage the use of a low value for R;.

An additional and common problem arises because the perceived volume level associated
with a given sound pressure (power) level has a logarithmic characteristic. This means
that the gain control potentiometer, R, must have a resistance value that has a logarithmic,
rather than linear, relationship with the angular rotation of the potentiometer shaft.

7.18.1.1 Potentiometer Law

Since the most common types of control potentiometer employ a resistive composition
material to form the potentiometer track, it is a difficult matter to ensure that the grading
of conductivity within this material will follow an accurate logarithmic law.

On a single channel this error in the relationship between signal loudness and spindle
rotation may be relatively unimportant. In a stereo system, having two ganged gain
control spindles, intended to control the loudness of the two channels simultaneously,
errors in following the required resistance law, existing between the two potentiometer
sections, will cause a shift in the apparent location of the stereo image as the gain control
is adjusted, which can be very annoying.
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Figure 7.51: Improved gain control using a multi-pole switch.

In high-quality equipment, this problem is sometimes avoided by replacing R; by a
precision resistor chain (R, — R,), as shown in Figure 7.51, in which the junctions between
these resistors are connected to tapping points on a high-quality multiposition switch.

By this means, if a large enough number of switch tap positions is available, and this
implies at least a 20-way switch to give a gentle gradation of sound level, a very close
approximation to the required logarithmic law can be obtained, and two such channel
controls could be ganged without unwanted errors in the differential output level.

7.18.1.2 Circuit Capacitances

A further practical problem, illustrated in Figure 7.50, is associated with circuit
capacitances. First, it is essential to ensure that there is no standing DC potential across
R; in normal operation, as this will cause an unwanted noise in the operation of the
control. This imposes the need for a protective input capacitor, C;, which will cause a loss
of low-frequency signal components, with a —3-dB LF turnover point at the frequency

at which the impedance of C,, is equal to the sum of the source and gain control
impedances. C; should therefore be of an adequate value.

Additionally, there are the effects of the stray capacitances, C, and Cj, associated with the
potentiometer construction, and the amplifier input and wiring capacitances, Cj.
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The effect of these is to modify the frequency response of the system, at the HF end, as a
result of signal currents passing through these capacitances. The choice of a low value for
R is desirable to minimize this problem.

The use of the gain control to operate an on/off switch, which is fairly common in low-
cost equipment, can lead to additional problems, especially with high resistance value
gain control potentiometers, in respect to AC mains “hum” pick up. It also leads to a
more rapid rate of wear of the gain control in that it is rotated at least twice whenever the
equipment is used.

7.18.2 Tone Controls

These exist in the various forms shown in Figures 7.52-7.56, respectively, described as
standard (bass and treble lift or cut), slope control, Clapham junction, parametric, and
graphic equalizer types. The effect these will have on the frequency response of the
equipment is shown in the drawings, and their purpose is to help remedy shortcomings
in the source program material, the receiver or transducer, or in the loudspeaker and
listening room combination.

To the hi-fi purist, all such modifications to the input signal tend to be regarded with
distaste and are therefore omitted from some hi-fi equipment. However, they can be
useful and make valuable additions to the audio equipment, if used with care.

+20

Gain (dB)

-20 I I I I
30 100 1K 10K  20kHz
Frequency

Figure 7.52: Bass and treble lift/cut tone control.



Preamplifiers and Input Signals 223

+10 -

Gain (dB)

-10

T T T T
30 100 1K 10K 20kHz
Frequency

Figure 7.53: Slope control.
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Figure 7.54: Clapham junction type of tone control.

7.18.2.1 Standard Tone Control Systems

These are either of the passive type, of which a typical circuit layout is shown in Figure
7.57, or are constructed as part of the negative feedback loop around a gain block using
the general design due to Baxandall. A typical circuit layout for this kind of design is
shown in Figure 7.58.

It is claimed that the passive layout has an advantage in quality over the active (feedback
network) type of control in that the passive network merely contains resistors and
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Figure 7.56: Graphic equalizer response characteristics.

capacitors and is therefore free from any possibility of introduced distortion, whereas
the “active” network requires an internal gain block, which is not automatically above
suspicion.

In reality, however, any passive network must introduce an attenuation, in its fiat response
form, which is equal to the degree of boost sought at the maximum “lift” position, and
some external gain block must therefore be added to compensate for this gain loss.

This added gain block is just as prone to introduce distortion as that in an active network,
with the added disadvantage that it must provide a gain equal to that of the fiat-response
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Figure 7.58: Negative feedback type tone control circuit.
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network attenuation, whereas the active system gain block will typically have a gain of
unity in the fiat response mode, with a consequently lower distortion level.

As a final point, it should be remembered that any treble lift circuit will cause an increase
in harmonic distortion, simply because it increases the gain at the frequencies associated
with harmonics, in comparison with that at the frequency of the fundamental.

The verdict of the amplifier designers appears to be substantially in favor of the Baxandall
system in that this is the layout employed most commonly.

Both of these tone control systems—indeed this is true of all such circuitry—rely for their
operation on the fact that the AC impedance of a capacitor will depend on the applied
frequency, as defined by the equation:

_ 1
Coenf)

Z

or, more accurately,

z, =1
@jmf)

where j is the square root of —1.

Commonly, in circuit calculations, the 27tf group of terms is lumped together and
represented by the Greek symbol w.

The purpose of the j term, which appears as a “quadrature” element in the algebraic
manipulations, is to permit the circuit calculations to take account of the 90° phase shift
introduced by the capacitative element. (The same is also true of inductors within such a
circuit, except that the phase shift will be in the opposite sense.) This is important in most
circuits of this type.

The effect of the change in impedance of the capacitor on the output signal voltage from
a simple RC network, of the kind shown in Figures 7.59(a) and 7.60(a), is shown in
Figures 7.59(b) and 7.60(b). If a further resistor, R,, is added to the networks, the result is
modified in the manner shown in Figures 7.61 and 7.62. This type of structure, elaborated
by the use of variable resistors to control the amount of lift or fall of output as a function
of frequency, is the basis of the passive tone control circuitry of Figure 7.57.
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Figure 7.59: Layout and frequency response of a simple bass-cut circuit (high pass).
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Figure 7.60: Layout and frequency response of a simple treble-cut circuit (low pass).

If such networks are connected across an inverting gain block, as shown in Figures
7.63(a) and 7.64(a), the resultant frequency response will be shown in Figures 7.63(b)
and 7.64(b), since the gain of such a negative feedback configuration will be
Z
Gain = =%
b
assuming that the open-loop gain of the gain block is sufficiently high. This is the design
basis of the Baxandall type of tone control, and a flat frequency response results when
the impedance of the input and output limbs of such a feedback arrangement remains in
equality as the frequency is varied.
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Figure 7.61: Modified bass-cut (high-pass) RC circuit.
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Figure 7.62: A modified treble-cut (low-pass) RC circuit.

7.18.2.2 Slope Controls

This is the type of tone control employed by Quad in its type 44 preamplifier and operates
by altering the relative balance of the LF and HF components of the audio signal, with
reference to some specified midpoint frequency, as is shown in Figure 7.53. A typical
circuit for this type of design is shown in Figure 7.65.

The philosophical justification for this approach is that it is unusual for any commercially
produced program material to be significantly in error in its overall frequency
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Figure 7.63: Active RC treble-lift or bass-cut circuit.

characteristics, but the tonal preferences of the recording or broadcasting balance
engineer may differ from those of the listener.

In such a case, he might consider that the signal, as presented, was somewhat overheavy,
in respect to its bass, or alternatively, perhaps, that it was somewhat light or thin in tone,
and an adjustment of the skew of the frequency response could correct this difference in
tonal preference without significantly altering the signal in other respects.

7.18.2.3 The Clapham Junction Type

This type of tone control, whose possible response curves are shown in Figure 7.54, was
introduced by the author to provide a more versatile type of tonal adjustment than that
offered by the conventional standard systems for remedying specific peaks or troughs in
the frequency response, without the penalties associated with the graphic equalizer type
of control, described later.
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Figure 7.64: Active RC treble-cut or bass-lift circuit.

In the Clapham junction type system, so named because of the similarity of the possible
frequency response curves to that of railway lines, a group of push switches is arranged
to allow one or more of a multiplicity of RC networks to be introduced into the feedback
loop of a negative feedback type tone control system, as shown in Figure 7.66, to

allow individual +3-dB frequency adjustments to be made, over a range of possible
frequencies.
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Figure 7.65: The Quad tilt control.

By this means it is possible, by combining elements of frequency lift or cut, to choose
from a variety of possible frequency response curves without losing the ability to attain a
linear frequency response.

7.18.2.4 Parametric Controls

This type of tone control, whose frequency response is shown in Figure 7.55, has
elements of similarity to both the standard bass/treble lift/cut systems and the graphic
equalizer arrangement in that while there is a choice of lift or cut in the frequency
response, the actual frequency at which this occurs may be adjusted, up or down, in order
to attain an optimal system frequency response.

A typical circuit layout is shown in Figure 7.67.

7.18.2.5 The Graphic Equalizer System

The aim of this type of arrangement is to compensate fully for the inevitable peaks and
troughs in the frequency response of the audio system, including those due to deficiencies
in the loudspeakers or the listening room acoustics, by permitting the individual
adjustment of the channel gain, within any one of a group of eight single-octave segments
of the frequency band, typically covering the range from 80Hz to 20kHz, although 10
octave equalizers covering the whole audio range from 20 Hz to 20kHz have been offered.
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Figure 7.66: Clapham junction tone control.

Because the ideal solution to this requirement—that of employing a group of parallel
connected amplifiers, each of which is filtered so that it covers a single octave band of
the frequency spectrum, whose individual gains could be adjusted separately—would be
excessively expensive to implement, conventional practice is to make use of a series of
LC-tuned circuits, connected within a feedback control system, as shown in Figure 7.68.

This gives the type of frequency response curve shown in Figure 7.56. As can be seen,
there is no position of lift or cut, or combination of control settings, that will permit a flat
frequency response because of the interaction, within the circuitry, between the adjacent
octave segments of the pass band.
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While such types of tone control are undoubtedly useful and can make significant
improvements in the performance of otherwise unsatisfactory hi-fi systems, the inability
to attain a flat frequency response when this is desired, even at the midposition of the
octave-band controls, has given such arrangements a very poor status in the eyes of the
hi-fi fraternity. This unfavorable opinion has been reinforced by the less than optimal
performance offered by inexpensive, add-on units whose engineering standards have
reflected their low purchase price.

7.18.3 Channel Balance Controls

These are provided in any stereo system to equalize the gain in the left- and right-hand
channels and to obtain a desired balance in the sound image. (In a quadraphonic system,
four such channel gain controls will ideally be provided.) In general, there are only two
options available for this purpose: those balance controls that allow one or the other of
the two channels to be reduced to zero output level and those systems, usually based on
differential adjustment of the amount of negative feedback across controlled stages, in
which the relative adjustment of the gain, in one channel with reference to the other, may
only be about 10dB.

This is adequate for all balance correction purposes, but does not allow the complete
extinction of either channel.

The first type of balance control is merely a gain control, of the type shown in Figure
7.50. A negative feedback type of control is shown in Figure 7.69.

7.18.4 Channel Separation Controls

While the closest reproduction, within the environment of the listener, of the sound

stage of the original performance will be given by a certain specific degree of separation
between signals within the ‘L’ and ‘R’ channels, it is found that shortcomings in the
design of the reproducing and amplifying equipment tend universally to lessen the degree
of channel separation rather than the reverse.

Some degree of enhancement of channel separation is therefore often of great value, and
electronic circuits for this purpose are available, such as that, due to the author, shown in
Figure 7.70.
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Figure 7.71: Simple stereo channel blend control.

There are also occasions when a deliberate reduction in the channel separation is
advantageous, as, for example, in lessening “rumble” effects due to the vertical motion of
a poorly engineered record turntable or in lessening the hiss component of a stereo FM
broadcast. While this is also provided by the circuit of Figure 7.70, a much less elaborate
arrangement, as shown in Figure 7.71, will suffice for this purpose.

A further, and interesting, approach is that offered by Blumlein, who found that an
increase or reduction in the channel separation of a stereo signal was given by adjusting
the relative magnitudes of the ‘L. + R’ and ‘L — R’ signals in a stereo matrix, before
these were added or subtracted to give the ‘2L’ and ‘2R’ components.

An electronic circuit for this purpose is shown in Figure 7.72.

7.18.5 Filters

While various kinds of filter circuits play a very large part in the studio equipment
employed to generate the program material, both as radio broadcasts and as recordings
on disc or tape, the only types of filters normally offered to the user are those designed
to attenuate very low frequencies, below, say, S0 Hz and generally described as “rumble”
filters, or those operating in the region above a few kHz, and generally described as
“scratch” or “whistle” filters.

Three such filter circuits are shown in Figure 7.73. Of these, the first two are fixed
frequency active filter configurations employing a bootstrap type circuit for use,
respectively, in high-pass (rumble) and low-pass (hiss) applications, and the third is an
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Figure 7.72: Channel separation or blending using matrix addition or subtraction.

inductor—capacitor passive circuit layout, which allows adjustment of the HF turnover
frequency by variation of the capacitor value.

Such frequency adjustments are, of course, also possible with active filter systems, but
require the simultaneous switching of a larger number of components. For such filters
to be effective in their intended application, the slope of the response curve, as defined
as the change in the rate of attenuation as a function of frequency, is normally chosen to
be high—at least 20 dB/octave—as shown in Figure 7.74, and, in the case of the filters
operating in the treble region, a choice of operating frequencies is often required, as is
also, occasionally, the possibility of altering the attenuation rate.

This is of importance, as rates of attenuation in excess of 6 dB/octave lead to some
degree of coloration of the reproduced sound, and the greater the attenuation rate, the
more noticeable this coloration becomes. This problem becomes less important as the
turnover frequency approaches the limits of the range of human hearing, but very steep
rates of attenuation produce distortions in transient waveforms whose major frequency
components are much lower than notional cut-off frequency.
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It is, perhaps, significant in this context that recent improvements in compact disc players
have all been concerned with an increase in the sampling rate, from 44.1 kHz to 88.2kHz
or 176.4kHz, to allow more gentle filter attenuation rates beyond the 20-kHz audio pass
band than that provided by the original 21-kHz “brick wall” filter.

The opinion of the audiophiles seems to be unanimous that such CD players, in which
the recorded signal is two or four times “oversampled,” which allows much more gentle
“anti-aliasing” filter slopes, have a much preferable HF response and also have a more
natural, and less prominent, high-frequency characteristic than that associated with some
earlier designs.
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Interfacing and Processing

Ben Duncan

8.1 The Input

For the user, “the input” is often just a socket—often one groped for amidst a tangle of leads.
This chapter untangles the details of the rarely recounted considerations that lie behind audio
power amplifier input sockets that enable the signal source to connect to the amplifier (and

maybe to many amps) with the least loss of fidelity and without introducing unwanted noise.

The amplifier is treated as a whole without considering the power capability or type of the
output section.

8.1.1 Input Sensitivity and Gain Requirements

8.1.1.1 Definition

Input sensitivity is the signal level at the input needed to drive an amplifier up to its full
capability, to just before clip, into a stated, nominal impedance, often 8 ohms. Clip may
be defined as the onset of visible waveform flattening or as a certain percentage THD+N
distortion factor.

An older, less used definition (favored in the 1978 IHF standard) is the signal level
needed to deliver I watt into a given nominal load, say 8f2. This is fine for comparing
or normalizing drive levels between amps having different power ratings, but as input
sensitivity per se has no particular merit, the usefulness, for real amplifiers and speakers
of widely varying power capabilities and sensitivities, ends there.

8.1.1.2 Description

Sensitivity is usually expressed as a voltage, either directly in volts or millivolts
(1/1000ths of a volt), or in dBu. Mostly, sensitivity figures are assumed to be rms values
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(cf. peak) and also specified with a steady sine wave, and for power amps in particular,
with loading—all unless stated otherwise. If a peak (or any other non-rms) voltage value
is cited, the maximum output to which it is referred must also be cited likewise, so like is
being compared with like.

8.1.1.3 Variables

The sensitivity of an amplifier depends (as defined earlier) on gain and swing. If an
amp’s output power rating, hence voltage swing capability into a given load impedance,
were increased, maintaining the sensitivity requires more gain from the amplifier. This is
a consideration for the maker and the installer who uses different sizes of a given design.

8.1.1.4 Do-It-Yourself Gain Resetting

For those uses with two or more different models and/or makes of amplifier, it is likely
that sensitivities (however referred) will differ. Gain controls may not be present or it may
be desired not to use them. If so, to align the system (ideally within a fraction of a dB),
all the amps enter clip at about the same drive level and the gain(s) of one type of amp
will need changing. Usually, any gain controls are assumed to be at maximum. Then any
“accidental adjustments” can only cause reduced, not excess, gain.

In most well-designed, conventional high NFB power amps, gain may be changed up
or down easily by changing one (global feedback) resistor per channel. The part being
changed is usually in the output section. Changing gain by up to +10dB or down by
as much as —6dB should have relatively little effect on sonic quality, assuming that RF
stability is not upset. However, noise will be altered pro-rata.

In low- and zero-feedback designs, the availability of gain changing is far less, and the
effect on both measured and sonic performances of even a modest 10-dB (X3) adjustment
will be far more marked.

8.1.1.5 Gain Restriction

In some power amp designs, gain changes may be unavailable because they would upset
RF stability, imperil a finally balanced gain/feedback structure, or violate some arbitrary
%THD+N limit or other basic performance indication. Thus amplifiers from a product
family spanning a range of output power ratings may have very similar gains (+ to
—3dB); thus sensitivities (mV, V) almost commensurate with their ascending voltage
swing. The upshot of this approach is (for example) a 2-kW 8f(2 amplifier, which only
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provides 100 W at normal drive levels (0dBu say). The +13-dBu/3.5-V rms input drive
needed for full output makes it safer and more likely that the high swing will be kept in
reserve as an inviolate headroom.

In other words, in lieu of increased gain when output swing is increased, such an
amplifier will need to be driven harder, that is, rated less sensitive. If the headroom
achieved is ever used, then the higher input drive levels can cause increased distortion in
the input stage. This effect will be noted most in esoteric amps with low feedback, but is
still there in conventional high NFB amps.

8.1.1.6 Gain and Fidelity

As noted, the positive side of having high swing amplifiers desensitized, by not increasing
gain commensurate with the increased voltage swing is that headroom occurs by default
if the system’s level/gain settings are not then altered. Reduced gain also reduces the risk
of speaker damage by accidental loud blasts, dropped mics, styli, etc. Also, the audibility
of the system’s residual noise is lowered.

8.1.1.7 CM Stress

In conventional power amplifiers with high NFB, “common mode distortion,” measurable
as %THD+ N,! occurs because of common-mode voltage stress on the input stage,
whether differential or single ended, with the latter suffering CM stress if, as is common,
it is noninverting. The threshold voltage, ‘Vth’—above which the input voltage to such
an op-amp-type input becomes highly nonlinear when open loop may be sonically
significant.>?® These setbacks may not be revealed with conventional tests, notably
%THD+N, which can contrarily show lowered distortion at high input drive test levels,
because the noise (+N) may “out-reduce” the rising common mode distortion.'

8.1.1.8 Real Figures

The sensitivity of every amplifier needs to match the zero (normal) levels of sources it is
intended to be driven by. These vary. The upshot of all the factors is a spread of amplifier
sensitivities that users know all too well (Table 8.1).

Ideally, there could be just one input sensitivity for all these uses. One that most could
accept is the de facto professional standard of 0-dBu alias 775 mV. As a general rule,
most lightweight domestic hi-fi and home studio equipment is likely to be more sensitive
than 0dBu, with pro equipment likewise less sensitive.
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Table 8.1: Range of Input Sensitivities

Category In volts In dBu

Home hi-fi 30mVto2V -28to + 8
Home studios 100mVto |V 18to + 2

Pro-audio 775mVto 5V Oto+ 16

However, as just discussed, a specific lower value, as low as 30mV, may be best (at least
in high NFB circuits) from the viewpoint of circuit and device physics for absolute best
linearity.> However, the higher voltages that are mostly needed by desensitized high
swing amplifiers (e.g., driving 2V or +SdBu and above to clip) confer the highest SNR,
hence dynamic range, and also the highest RF EMI and CMV immunity. So the best of
both these worlds appears not to be immediately reconcilable.

As most amplifiers are not pure voltage sources, when driven with continuous, high-
level test signals into a real (or simulated) loudspeaker load (as opposed to an ideal,
simple resistive load), the sensitivity (for a given clip level) can appear to increase at
some frequencies, as the maximum output voltage with a conventional amplifier having
an unregulated supply is reduced by typically by —0.5 to —2 dB. The average shortfall

is likely to be less with program, at least at mid- and high frequencies. It follows that
there is a complex frequency-conscious and dynamic peak-to-mean disparity in practical
amplifiers’ sensitivity ratings. The purer the voltage source, the less this can happen.

8.1.1.9 Gain and Swing

Table 8.2 shows the gain requirements both in dB for some “round-figured” voltage
swings, and how the nominal power then varies into 4 and 8 ohms.

For other sensitivities, gains are determined easily by appropriate subtraction or addition,
for example, for +4 dBu, subtract 4dB from the indicated gain(s) and for —10dBu, add
10dB to the indicated gain(s).

8.1.2 Input Impedance (Z;,)

8.1.2.1 Introduction

The amplifier’s input impedance is the loading presented by the amplifier to the signal
source driving (or “looking up” or “into”) it.
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Table 8.2: Power Amp Gains for 0-dBu Sensitivity @ Clip = Means ‘Into’

Gain (dB) rms voltage Average power = | Average power =
swing (V) nom 8 2 (W) nom 4 ) (W)
+24 =X16 12.5 19 38
+30 =X32 25 78 156
+33.5 =X48 37.5 176 352
+36 =X65 50 312 624
+40 =X97 75 703 1406
+42 =X129 100 1250 2500
+44 =XI161 125 1953 3906

Impedances (often abbreviated ‘z’) are rated in ohms (€2). As in this case, ohmic values
are nearly always over 1000; the counting is usually in thousands (k). 10k or 10k€) (“10k
ohm”) is easier to say than “ten thousand ohms.” When near a million or over, ‘M’ for
‘Mega’ is used, for example, 1 M2 is 1000kS2.

8.1.2.2 Common Values

With ordinary, high NFB power amplifiers, high input impedances (high Z;,, say above
10k€2), to 1 MS2 or more, are readily attained. For most sources, this is analogous to
very light loading. However, in most cases, power amp input impedances are commonly
at the low end of this range, at between 10 and 22 k(2. This restricts noise and buzzes
when (particularly unbalanced) inputs are left open, unused, or floating, especially when
cables are unplugged at the source end. This is less of a problem with short cables and in
domestic environments.

The nominal values of amplifier input impedances vary widely. As a rule, professional
equipment is defined in Table 8.3.

If balanced, Z;,, is the differential mode Z.

The input impedance of equipment may be described as the source’s load impedance.
This is true enough at frequencies below 1kHz. However, load impedance (since the
signal source may be across a room, 100 yards down a hall, or even half-way across a
field) is the totality of loading, namely including all the cable capacitance, which takes
effect increasingly above 3 kHz.
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Table 8.3: Power Amplifier Input Impedances

Type of power amplifier Z,, range
Domestic, seperated. and integrated | 10 k-200 k2
High-end domestic, esoteric 600-2 MQ
Professional 5 k-20 k2
Vintage professional 600 2

8.1.2.3 Audio is Not RF

Precise “impedance matching,” where specific impedances (often 50 or 75 ohms) must
be adhered to, is correct for radio frequencies, where cables above a meter or so act as
a transmission line.* But at the highest audible frequencies (20kHz) even a 200-m-long
input cable in a stadium PA system doesn’t behave as a transmission line.

Where the wavelength (the dual of frequency) is a fair fraction, say 20 or 10 times
greater than the cable, cables look mainly like the respective sums of their resistance,
capacitance, and inductance. As the ratio falls, the cable begins to behave increasingly
like a transmission line.

8.1.2.4 Voltage Matching

Since the widespread use of NFB (50 years ago), the majority of power amplifiers’ inputs
have been voltage matched. This means that the source impedance is low—much lower
(at least 10 times less) than the total destination, or load impedance.s’6 The intention is

to transfer the signal, which is encoded as a voltage “wiggle,” without significant loss of
headroom, dynamic range, or detailing.

The source’s impedance—whatever’s feeding the amplifier(s)—also has to be low enough
and remain so at hf to support a fiat hf response into the capacitative loading of likely
cable lengths. Voltage matching is defined by de facto industry practice, in the IEC.268
standard. Here, recommended input impedances are 10k or over and equipment source
impedances are 50 € or less. This is easily memorized as

Looking back from amp: Looking up from amp:
=50« ==10kQ

With voltage matching there is no sharply defined “right” impedance. Except that in high
common mode rejection (CMR) balanced systems and high resolution stereo systems
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alike, an amplifier’s individual input impedances may be ultra-matched. Since with
voltage matched systems, the wanted input signal is a voltage, the ideal, “noninvasive”
amplifier input or load impedance would appear to be very high, say 1 M{2. Then only
minuscule current would be taken from the source.

8.1.2.5 High Impedances

Some high-end hi-fi makers have taken the high impedance route, claiming better sonics.
This may be inseparable from the circuitry used to create the high-Z conditions, and not
necessarily down to the high-Z conditions per se.

In power amps with low (or zero) feedback, and using bipolar junction transistors
(BJTs) in the input section, high input impedances (above 10k(2) can be more difficult
to implement consistently. On this basis, the early transistor amplifiers sometimes had
their inputs rated in pA of input current drawn! In contrast, there is usually no difficulty
attaining impedances as high as 1 M{2 or more, when the input stage parts are valves,
JFET or insulated gate FET (MOSFET) or any combination of these—whether loop or
local feedback is zero, low, or high.

When unterminated, such high impedance circuits are noisier (hissier) and far more liable
to allow parts to be microphonic than lower (“normal”’) impedance ones.” Demonstration
is simple enough: try tapping the appropriate capacitors with an insulated tool while
listening with full-range speaker(s) connected. High impedance inputs can also be

the cause of difficulties and compromises with direct coupling. However, unless the

input is direct coupled, or is at least coupled via very large capacitors, LF and subsonic
microphony and electrostatic noise pick-up will not “see” the lower source impedance
and will persist in accordance with the high impedance.

8.1.2.6 Low Impedances

As input impedance is lowered, there is less microphony and electrostatic noise pick-
up when the amplifier inputs are disconnected, even with unshielded cabling. However,
loading is increased, as is ultimately the susceptibility to magnetic field noise pick-up,
which is much, much harder to shield against.

8.1.2.7 Loading

A single load of (say) 1kf{2 may or may not compromise the source’s performance. But
two or a few of such loads almost certainly will, unless the source is rated appropriately
(see later). Low impedance inputs are also the most easily damaged if one amp’s output
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Table 8.4: The reciprocal pattern of conventional
power amplifliers (with 10 k(2 input impedance)

No. of amps in tandem Total Z;,
X 10kQ2
X2 5kQ
X3 3.3k
X4 2.5k
X5 2k
X6 1.7kQ
X10 1kQ
X15 666 k2
X20 500kS2

is accidentally connected to another’s input. Added protection would add complexity,
increase the cost, and likely degrade sonics.

8.1.2.8 In Tandem

In professional (and even a few domestic) applications it is normal for each signal source
to drive more than one amplifier input. The loading of amplifiers driven in tandem is
cumulative: each added amplifier reduces the impedance (or increases the loading) pro-
rata in accordance with its impedance. Assuming conventional power amplifiers with
10kf2 input impedance, the reciprocal pattern is shown in Table 8.4.

Note that there are very few types and models of the likely sources (e.g., active
crossovers, delay lines, preamps) that are rated and able to drive impedances of below
600 ohms without degraded performance. Much pro-gear is rated and even specified for
600 ohms, but still gives its best measured and sonic performance into 2k or even higher.

For large tandem systems, existing equipment usually has to be retro-fitted with special
line-driver amplifiers, or these are added as independent units, in line. Line drivers used
in live sound practice do not expand the allowable loading by much, usually down to
300 ohms and possibly as low as 75 ohms. To be sure, only 50% of this rating would
be used. The rest allows for tolerances, variables (see later), add ons, and the cable’s
capacitance loading at hf. In a major concert where 100 or more power amps have been
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required to handle just one frequency band alone,® the signal was split among up to 10
line drivers, all daisy chained off 1 line driver. This method is far preferable to having
multiple crossovers, which might superficially simplify the signal path, but would also
introduce near impossible set-up and band-matching demands.

8.1.2.9 Multiconnection

When one signal has to feed many amplifiers, it is normal to connect the amplifiers by
daisy chaining. To permit this, amplifiers made for professional use have both female
(input) and also male (output) XLR (or other, gendered or ungendered in/out) connectors,
linked together in parallel. “Daisy chaining” means physically, as the name suggests,
that a short cable “tail” carrying the input signal loops from one amplifier to the next

in the rack or array. The signal being passed on is not really entering each amplifiers’
input stage, but merely using the input sockets and case-work as a durable and shielded
Y-splitting node. An alternative would be to make up a hydra-headed cable, that is, one
splitting into n separate feeds. This would take up far more space and is far less flexible,
but might prove the next best method if amplifiers without input “link-out” sockets have
to be used.

8.1.2.10 Ramiifications

Professional power amplifiers, which are the sort most likely to have long cables
connected to their inputs and to reside in electrically noisy environments, mainly eschew
impedances much above 10k. However, if they’re to be usable for live sound, their
makers also can’t welcome any much lower impedance, as this would further limit the
number of channels that can be daisy chained off a given line driver. In most multi-

amp setups, the source that is being loaded is usually one of the band outputs of an
active crossover, rated for 600 ohms with the NE5534 or 5532, 1977 IC technology that
remains a de facto standard. In this common case, depending on the allowance for cable
capacitance, between 10 and 15 amplifier channels (at most) should be driven.

8.1.2.11 Variables

As with other electronic equipment, input impedance is a function of electronic parts
whose behavior almost inevitably varies with frequency and almost always depends on
temperature. With unbalanced inputs, input impedance will also usually vary somewhat
with the setting of the gain control (attenuator), if fitted.
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Figure 8.1: Input impedance (load) variation in a typical, simple unbalanced

power amplifier input stage.
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Figure 8.2: A typical unbalanced input stage.

Figure 8.1 shows how the input impedance of a typical, minimal power amplifier with an
unbalanced input (Figure 8.2) varies across the frequency range. A 10k(2 gain control is
assumed and is here backed off just 1dB. Note how the impedance in most of the audio
band is almost constant at the scale used. Then notice how the impedance drops off (so
the loading increases) at high audio frequencies, and more so at higher radio frequencies
(Y). At low frequencies, if anything, the load impedance increases (X).
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Figure 8.3: Impedance variation in a typical unbalanced power amplifier input stage

as the amplifier warms up.

Figure 8.3 shows how the same input stage’s impedance varies (without changing
anything else) as temperature is changed from 15° to 85°. In other words, what can
happen to the input impedance when an amplifier is “cooked?” For the most part,
impedance increases, which will do no harm. However, in live work it might just alter a
howl round threshold, as the higher load impedance allows the signal voltage to rise ever
so slightly.

Figure 8.4 shows how the input impedance typically varies as the gain is adjusted.
Because the change with each 30° rotation step is nonmonotonic, Z;, goes up and then
comes down, as you might expect. A 10k{2 log pot is assumed.

Ideally, an amp’s input impedance would remain constant despite these changes. In
unbalanced circuits, there is not much harm as long as any change in impedance is
gradual and stays above certain limits, and anything that isn’t like this happens well
above (or even further below) the audio band. Staying constant is far more important in
balanced circuits.
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Figure 8.4: Impedance variation in a typical unbalanced power amplifier’s input stage

as the gain control is swept.

8.2 Radio Frequency Filtration
8.2.1 Introduction

Music starts out as air vibrations. These are not directly affected by electromagnetic (EM)
waves, except while they are passing through an audio system in the form of electronic
signals. Planet Earth has long had natural EMI, in the form of various electric and magnetic
storms; both those occurring in the atmosphere and those occurring on the “surface” of the
Sun and Jupiter in particular. Since 1900, the planet has increasingly abounded in human-
made EMI babble, comprising electromagnetic energy fields and waves, some continuous,
some pulsed, and others random. As stray signals nearly always have nothing to add to the
music at hand, and most are profoundly unmusical, and as EMI permeates almost everywhere
above ground unless guarded against, music signals require “pro-active” protection.

EM waves used for radio broadcasting and communications mainly start in earnest at
150kHz (in the United Kingdom and continental Europe) and above, and continue to
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frequencies 10,000 times higher. However, special radio transmissions (for submerged
submarines, national clocks, and caving) may use frequencies below 100kHz and even
those below 20kHz.

8.2.2 Requirement

All active devices are potentially susceptible to EMI. BJTs, all kinds of field effect
transistors (FETs), and also valves can all act as rectifiers at RF, demodulating radio
transmissions. However, this is very much more likely with BJTs, as the nonlinearity of a
BJT’s forward biased base-emitter junction that gives rise to rectification is triggered by
considerably lower levels of RF voltage or field strength. All kinds of FETs and valves
are relatively “RF proof” in comparison. Oxidized copper, generally dirty contacts,
crystalline soldered joints, or wrong metal-to-metal interfaces can all act as RF detectors
as well, through rectification.

8.3 Balanced Input

Balanced inputs, when used properly, can clean up hums, buzzes, RFI, and general
extraneous rubbish. When not used properly, the balanced-input’s object may be partly
defeated, but the connection will probably still improve the amplifier’s and system’s
effective SNR.

8.3.1 Definition

To be truly balanced, a balanced input and the line coming in and the sending device
must all have equal impedances to (signal) ground, to earth, and to everywhere else. Also,
the signal must be exactly opposite in polarity but equal in magnitude, on each conductor.

8.3.2 Real Conditions

In practice, the signal is not of exactly opposite polarity. At high frequencies (and low
frequencies in some poorly designed equipment), phase shifts add or subtract up to 90°
or more, from the ideal 180° polarity difference. Otherwise the requirement for having a
signal of opposite sign on each conductor is usually met. The exception is when one-half
of a ground-referred, balanced source has been shorted to ground. Not surprisingly, this
degrades the benefits of balancing.
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8.3.3 Balancing Requirements

8.3.3.1 Input Impedances

The norm in modem pro-audio equipment is 10kS2 across the line. This is commonly
known as a “bridging load.” It is also the differential input impedance.

The common mode impedance, what any unwanted, induced noise signals will see, is
often (but not always) half of this, for example, 5k in this case.

Considering the hum/RF noise rejection capability of an effective balanced input, input
impedances much higher than 10k, say, 5002, would seem feasible and useful in
professional systems. However, if the input resistance is developed by the ubiquitous
input bias path resistors connected from each input to the 0-V rail, then there are limits to
the usable resistance, before the input stage’s output offset voltage becomes unacceptably
high. Although low V,, op-amps exist, a number of otherwise good ICs for audio have
execrable DC characteristics, as IC designers do not appear to comprehend that good

DC performance is a most helpful feature for high performance audio. In this case, input
impedances above 15 to 100kS) are found to be impractical, depending on bias current.

A galvanically floating input (i.e., the primary of a suitably wired transformer) has no
connection to signal OV (as it has no bias currents), so there can be a very high common-
mode impedance, say, | M or more, up to modest RF. This aids rejection.

Conversely, differential impedances of less than 1 Ok increase the influence of such
random, external factors as mismatched cable core-to-shield capacitances.

8.3.4 Introducing Common Mode Rejection

Common mode rejection is an equipment and system specification that describes how
well unwanted common mode signals, mainly hum and RF interference, are counteracted
when using balanced connections.

8.3.4.1 Minimum Requirements

At the very least, all the equipment in a system must have a balanced input (alias a
“differential receiver”). CMR can be improved and made more rugged when balanced
inputs are used in conjunction with balanced outputs (alias “differential transmitters”),
but this is not essential.
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8.3.4.2 What Does CMR Achieve?

Common mode rejection action prevents the egress and build-up of extraneous hum,
buzzes, and RFI when analogue signals are conveyed down cables, and between
equipment powered from different locations—all the more so in big or complex systems.
CMR helps make shielding more effective by canceling the attenuative residue, the bit
that any practical shield “lets through.”

Sending the signal on a pair of twisted and parallel conductors ensures that this latter
residue and any other stray signals that are picked up en route are literally coincident and
appear “common mode,” that is, equal to each other in size and polarity. A tight enough
twist makes the conductors almost experience interfering fields as if they occupied the
same space. This is true below high RF (200 MHz, say), when averaged out over a cable’s
length.

In contrast, the wanted, applied signal from both balanced and unbalanced output sockets
is distinguished while being no less equal in size by appearing opposite in polarity on
each input “leg,” called hot and cold.

CMR also makes shielding more effective by freeing it from signal conveyance, enabling
it to be connected at one end only, according solely to the dictates of optimum RF
suppression and/or individual system practice. Breaking the shields through connection
also prevents (or at least lessens) the build-up of the mesh of earth loops that causes most
intractable hums and buzzes. CMR is also able to cancel differences between disparate,
physically distant and electrically noisy ground points in a system.

Above 20kHz, even a modest CMR lessens the immediacy of the need for aggressive RF
filtering. RF filtering can take place at higher frequencies, and both the explicit and the
component-level effects on the audio may be diminished accordingly.

Figure 8.5 shows the CMV that CMR helps the audio system ignore. Even when
connection to mains safety earth is avoided by ground lifting (ground lift switch open)
or by total isolation (switch open and ground lift R omitted), considerable capacitance
frequently remains, through power transformers and wiring dress.

Overall, the rejection achieved (which is a ratio, not an absolute amount) is described in
minus (—) dB. Often the minus is understood and omitted. In plain English, “CMR = 40dB”
means “all extraneous garbage entering this box will be made 100 times smaller.”
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Figure 8.5: Most of the common mode noise that CMR defends against is either RF and
50/60 Hz fundamental intercepted in cabling (Veml) or 50/60 Hz hum + harmonics caused
by magpnetic loop, eddy, and leakage currents flowing in the safety ground wiring between
any two equipment locations (Vcm2).

8.3.4.3 What CMR Cannot Do

Like the stable door, the one thing CMR can’t do is remove unwanted noises that are
already embedded in with the music. It follows that just one piece of equipment with poor
CMR, and in the wrong place, can determine the hum and RFI level in a complex studio
or PA path.

The ingress of common mode noise, called mode conversion, is cumulative, as each
unit in the chain lets some of it leak through. As a result, the CMR performance and/or
interconnection standards of all the equipment in complex systems (e.g., multiroom
studios and major live sets) must be doubly good.

The higher CMR of well-engineered equipment (80dB or more) provides a safety factor
of 100- to over 1000-fold over the minimum 40dB that is common in more “cheerful”
products. However, the higher CMRs are more likely to vary with temperature and aging,
as with all finely tuned artifacts.
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8.3.4.4 Relativity Rules

The size of common mode (noise) signals is not fixed or even very predictable; they may
range from microvolts to tens of volts. CMR is just a layer of protection. Forty dB of
protection is not much against 10V of CMR, but it is definitely enough for 1 V.

8.3.4.5 Sonic Effects of RF

Radio frequency interference is a common mode noise, and sources of RF go on increasing.
In a competently wired system in premises away from radio transmitters and urban/
industrial electrical hash, a modest rejection no better than 40dB has previously seemed
good enough to make inaudible induced 50/60-Hz hum and harmonics, and the “glazey”
sound of RFI and RF intermodulation artifacts. Unfortunately, RFI artifacts aren’t always
blatant, and when any sound system is in use, they’re the last thing that users are likely to
be listening for the symptoms of. However, even if there are no blatant noises, inadequate
CMR can allow ambient electrical hash to cover up ambient and reverberative detail.

8.3.4.6 System Reality

The CMRs discussed are those cited for power amplifier input stages. The actual system
CMR is inevitably cumulatively degraded by the cabling and the source CMRs. However,
it can be maintained by ensuring all three have individually high CMRs and have highly
balanced leg impedances. Lines driven from unbalanced sources give numerically
inferior results, but often quite adequate ones (subject to appropriate grounding and

cable connections) in low-EMI domestic hi-fi and studio conditions, where equipment
connections are also compact, and even in outdoor PA systems, in an open countryside.

8.3.4.7 Summary

Generally, 20dB is a low, poor CMR, 40 to 70dB is average to good, and 80 to 120dB or
more is very good and far harder to achieve in a real system. In a world where some audio
measurements have had their credibility undermined, it’s reassuring to know that with
CMR, more dBs remain simply better.

8.4 Subsonic Protection and High-Pass Filtering
8.4.1 Rationale

All loudspeakers have a low-end limit; their bass response does not go endlessly deeper.
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Table 8.5: Loudspeaker Subsonic Handling (Infrasonic Handling)

More robust 1} Transmission lines

Differentially loaded cabs”

Properly arrayed bass horns

Sealed boxes

Open-backed cabs

Large cone-vented enclosures

Less robust ) Small cone-vented enclosures

“Alias band pass or push-pull.

Subsonic (infrasonic) information, comprising both music content and ambient
information, may occur below the high-pass “turnover” frequency (or low-end roll off) of
the bass loudspeaker(s). It will not be reproduced efficiently.

Note: While potentially within humans’ aural perceptive range, subsonic signals are
“below hearing” (strictly infrasonic) in the sense of being “out-of-band” to, and only
faintly or at least reducingly reproducible by, the sound system.

Loudspeakers vary in their ability to handle large subsonic signals. Small ones may

or may not be heard but won’t ever cause damage. Large subsonic signals are more
risky with some kinds of loading. An approximate ranking of subsonic signal handling
robustness is shown in Table 8.5. Individual designs can vary widely, however.

8.4.2 Subsonic Stresses

Other than straining the speaker(s), if the amplitude of the subsonic (really infrasonic)
signal(s) is large enough, then significant amplifier capability will be wasted. At the very
least, the unrealizable portion will cause unnecessary amplifier heating and electricity
consumption.

If the amplifier is also being driven hard, the presence of a large subsonic signal will
reduce the threshold for clipping and also thermal shutdown. The amplifier will behave as
if rated at only a fraction of its actual power capability. There are broadly two approaches
to the problem.
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Figure 8.6: Typical high-pass (subsonic protection) filter circuitry.

8.4.3 The Pro Approach

Subsonic filtering may be regarded as an essential part of editing and sweetening in
recording. “Subsonic” frequencies (“sub’ here being rather loosely designated as any
“out of context/too-low bass information”) are usually removed before amplification
by HP filters (HPF) with fixed, switchable, or sweepable roll-off frequencies, usually
available on each channel or group of a mixing console. Alternatively, HP filtering may
even be available “up front” as a switch on some microphones or on portable, location
tape machines.

Generally, such filters are at least —12 dB/octave and, more usefully, the steeper —18-dB/
octave (Figure 8.6) or even —24-dB/octave. They may be occasionally appended to
professional power amplifiers, as well as to preceding active crossovers, on the basis of
providing “maximum” (read: brute force) protection at all costs, in this guise they are
described as “subsonic protection” (SSP). Often this facility is superfluous and repeated
needlessly, as the mixer and active crossover already do or can provide subsonic filtering.

8.4.4 Logistics

The mixer can provide SSP most flexibly per channel, solely for those sources requiring
filtration. The active crossover may provide overall back-up subsonic protection, in case a
mic without HPF’ing on its channel is dropped.

When subsonic protection is fitted to and relied upon in amplifiers alone, there will be an
enforced and unnecessary repetition and diversification of resources in any more than the
simplest, two-channel PA. If subsonic filter provision is made in an amplifier, it should be
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switchable (or programmable or otherwise controllable) so that its action can be removed
positively when not required.

8.4.5 Indication

A few power amplifiers have light-emitting diodes (LEDs) (often jointly error indicators)
that indicate subsonic activity or protection shutdown arising from excess subsonic
levels. This kind of protection is most common where the maker is also a speaker maker
or where the amplifier is closely associated with a particular speaker, as the protection’s
frequency—amplitude envelope that will allow the most low frequency action is very
specific to the cabinet and driver used.

Overall, in high performance professional power amplifier designs benefiting from
modem knowledge, filtration and any HP filtering are avoided as far as possible or else
minimized by adaptive circuitry.’

8.4.6 Hi-End Approach

In “hi-end” hi-fi and professional power amplifiers, high-pass filtering is (or should be)
depreciated or at least kept to the bare minimum, for two reasons.

First, all practical HP filters progressively delay low frequencies relative to the rest of the
music. Every added HP filter pole only adds to this “signal smearing.”'” Simulation in
time and frequency domains shows this.!!

Second, HP filters require the use of capacitors. Capacitors that are almost ideal for audio
and not outrageously expensive and bulky are limited in type and values. Capacitors that
are faradically large enough not to cause substantial “signal smearing” are, in practice,
medium-type electrolytics, and not in practice nor in theory anywhere near so optimal for
audio as other dielectric types.

For these reasons, even routine HP filtering (alias DC blocking or ac coupling) may be
absent altogether. Figure 8.7 shows the points where HP filtering occurs in the majority of
otherwise direct- and near-direct-coupled power amplifiers.

8.4.7 Low Approach

In “consumer-grade” audio power amplifiers, HP capacitors are made as small as possible
in value while maintaining what is judged by casual listening or first-order theory to
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Figure 8.7: High-pass filter capacitor positions. The potential locations of DC blocking/HPF
capacitors in the signal path of conventional transistor power amplifiers, assuming that gain

blocks (the triangles) are internally direct coupled.

be an acceptable point for the bass response low cutoff frequency (f3;). The result is
considerable HP filtering, permanently engaged. Subsonic signals may then rarely pose a
problem, but sonic quality may be degraded up into midfrequencies, while a great deal of
the music’s ambient cues is lost.

8.4.8 Direct Coupling

When all HP filtering is removed, a power amplifier becomes direct—or ‘DC’ (direct
current)—coupled. ‘DCC’ would have been better, but that now means something else.
Extending the response to zero frequency, that is, “down to DC,” is achieved readily at the
design stage with most transistor topologies. The advantages are sonic, and substantial,
due to the excision of intrinsically imperfect parts and the removal of an intrinsically
unnatural filtration, and the signal-delay and the possible charge accumulation on
asymmetric music signals it brings. For this is the truth of all signal path HPF capacitors,
both those in series and in NFB arms. Whether DC coupling is safe or workable in a
particular amplifier is a separate design question.

With conventional valve amp topologies, the response to DC is not fully achievable,
except in the few workable ‘OTL’ designs. However, it is still possible to direct couple the
remainder of a valve amplifier, with global DC NFB taken before the transformer. In fact,
the first precision DC amplifiers were valve op-amps.
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8.4.8.1 Direct Current Management

With direct-coupled circuitry, unwanted DC “offset voltages” will be amplified by the
power amplifier’s respective stage gains. Excess DC is of great concern and must be
avoided. It can be (i) produced internally, by mismatches in resistor or semiconductor
values or by intrinsic topological asymmetry or (ii) introduced externally, from preceding
DC-coupled signal sources.

Internally produced DC offsets may be kept to safe levels by precision in design and
component selection. This requires matching of two or three apposite parameters of the
differential pair at the front end of each stage, assuming some version of the conventional
high NFB “op-amp” type of architecture. The “pair” might be BJTs, FETs, or valves.
And to ensure that the source resistances (at DC) seen by each input leg are the same,

or close, and not too high either, depending on bias current. If the resistor values then
conflict with CMR, the latter should have priority, in view of EMC requirements, and the
nonrecoverability of the CMR opportunity. Direct current balance may be restored by
other means, for example, current injection.

Externally applied DC, appearing on the inputs, because of essentially healthy but
imperfect preceding equipment, will usually be in the range of 0.1 to 100 mV. More than
+/-100mV would suggest a DC fault in the preceding source equipment. Assuming a
gain of 30X , this would result in 3V at the amplifier’s output. Because such a steady
offset will eat up headroom on one-half of the signal swing, the clip level is lowered
asymmetrically. A direct coupled power amplifier should not be harmed by this and
should also protect the speakers it is driving, but equally it is entitled to shut down to
draw attention to such an unsatisfactory situation. In the most advanced designs of
analogue path yet published,” DC coupling is adaptive: if DC above a problem level
persists at the input, DC blocking capacitors are automatically installed and the user is
informed by LED.

Some low-budget domestic power amplifiers have long offered part and manual direct
coupling. The power stage may not be wholly direct coupled, but at least the DC blocking
capacitor(s) at the input can be bypassed via a second “direct” or “laboratory” input.

The user is expected to try this but revert to the ordinary ac-coupled inputs if DC on the
source signal is enough to cause zits and plops. A blocking capacitor(s) at the input can
be bypassed via a second “direct” or “laboratory” input.
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8.4.8.2 Autonulling

Direct current offset may be continually forced to near zero volts by a servo, which is
another name for brute-force VLF and DC feedback, applied around an amplifier overall,
or just the input or output stage. Servos have been de rigueur in U.S. and U.S.-influenced
high-end domestic power amplifiers for some years. Alas, those who have designed
them into high-performance power amplifiers have clearly not thought through the
consequences. Tellingly, servos are not usually nor likely to be found in amplifiers with
truly accurate sounding bass.

The reasons are clear enough today: servos cause the same or even wilder distortions in
LF frequency and/or phase response, and/or signal delay vs. frequency (group delay).
Figure 8.8 shows this.

They also compromise the integrity of the circuitry they are wrapped around by
increasing noise susceptibility, while the capacitor imperfections that DC coupling is
supposed to overcome are reintroduced, as distortion-free DC servo action depends on an
expensive, bulky, high-performance capacitor for integration. In this way, the DC servo
returns us to before square one, with the added cost and complexity. Worse, the original
thinking behind servo’ing was to save money (!) on input transistor and part matching, as
a servo will “fix” any DC in its range, often up to +/-5V, including DC appearing on the
equipment input. This is neat, but like so many “smart” options, DC servo’ing is not quite
suitable for audio.

8.5 Damage Protection

The input stages of most audio equipment are unprotected. This approach appears to save
on parts cost, complexity, and sonic degradation; however, in reality, it may indeed cause

costs and degraded sonics. The inputs of power amplifiers are certainly among those most
likely to sustain input voltages that may be damaging to the active parts inside.

8.5.1 Causes

Typical culprits include first, large signals from line level sources, and from amplifier
outputs, experienced through accidental connections (see Section 8.5.2). Here, excessive
signal voltages that could be applied could range from a few volts, up to 230V rms, and
from below 10Hz to above 30kHz.
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Figure 8.8: Direct current servo circuits cause at the very least the same phase and delay
error as using a DC-blocking capacitor conventionally. The upper graph shows the frequency
response of a standard two pole servo (2 X {1 M.O X 470nF}). The lower graph shows
the phase shift, which is clearly nonlinear below 85 Hz—place a ruler against the line. The
curvature indicates a frequency-dependent signal delay, hence smearing (after Deane
Jensen). An alternative, custom three-pole compensating type (C3P) is plotted. This
overcomes the smearing, as the phase shift is much less than 0.1° above 5Hz, but the
amplitude (upper) is now peaking below 1 Hz.

Second, the outputs of crossovers or consoles, or misconnected amps, which are kaput
and have DC faults, so the output voltage might range from +/-10V to up to +/-30V for
line sources, and up to +/-160V DC for power amplifiers, but more typically +/-30 to
+/-90V DC.
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8.5.2 Scope

The parts most at risk from excess input voltages are the solid-state active devices,
particularly discrete BJTs, and most monolithic IC op-amp input stages.

Valves are relatively immune to input voltage abuse. They are most likely to be harmed by
gross overdrive conditions that bias the grid positive so a damagingly high current flows.

J-FETs and MOSFETs are next most rugged. MOSFETSs are most susceptible to gate-
source overvoltage, but gate-source protection is straightforward and effective.

IC input stages are the most fragile. Due to IC structure, even FETs, when monolithic,
may have parasitic weak points. For long-term reliability, currents flowing into or out of
IC op-amp pins'? must always be kept below SmA.

8.5.3 Harmful Conditions

There are two kinds of potentially damaging input voltages: (1) common mode and
(2) differential mode. Either may occur when a power amplifier is in (i) the on state or
(ii) the off state, giving four possibilities.

8.5.4 On-State Risks

When an amplifier employing BJTs at the front of its input stage is on, powered up, and
settled down, it can sustain relatively high differential (signal) voltages without damage.
Generally, in high NFB op-amp and other dual-rail based designs, the max differential
voltage is a volt below the supply rails, hence a maximum differential voltage ranges
from +/-14V for input stages working from +/-15-V supplies, up to +/-30V or even
over +/-100V, where the input stage transistors operate from the same or else similarly
high supplies, as the output stage.

Long before differential overload, the input stage will be driven strongly into clip. Provided
the amplifier has clean recovery, an overvoltaging may pass unnoticed if the high differential
voltage only lasts I mS. Yet this is plenty long enough to damage a semiconductor junction.
In BJTs, the most vulnerable junction is the base emitter, when reverse biased.

Under the same powered-up conditions, common-mode voltages above +/-10V can
damage unprotected BJT input stages. In large systems, the common-mode voltage
can be this high, commonly comprising 50/60-Hz AC and harmonics, and arising from
differences in grounding or AC power potentials.
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The input stage’s supply rail voltage usually has a large bearing on the maximum safe
DM and CM input voltages. Here, low supply voltages may do no favors.

8.5.5 Off-State Vulnerability

When an amplifier using BJTs is switched off, both differential and common-mode
voltages as low as +/-0.5V may be damaging. Users are advised to always power-up
preceding equipment before the power amps. This is universal practice among informed
users, both domestic and professional. However, if the prepowering of the source involves
the passage of signals above 0.Sv peak to amplifier inputs, then unless the transistors
behind the sockets are protected before the amp is powered-up, they may well be
damaged. This mode of subtle, progressive damage and sonic degradation to analogue
electronics has yet to be widely recognized. It can be overcome without changing
otherwise sensible practices, by suitably designed input protection.

8.5.6 Occurrence Modes

Damage to input devices may be catastrophic if the overvoltage causes high currents to
flow. This is rare.

Otherwise, with BJT inputs, damage may be subtle. Transistor parameters are degraded
but NFB action initially hides the worst. Telltale signs would be changed or, reducing
sonic quality, raised, increasing and/or intermittent noise, higher %THD, and possibly
increased DC offset at the amp’s output.

With ICs, damage may be cumulative, caused by peculiar metal migration effects
occurring in ICs’ microscopically thin conductors. This means an input stage can appear
to handle abuse repeatedly until eventually the catastrophic failure occurs when all the
conductor has migrated away!

8.5.7 Protection Circuitry

Power amps have been designed to survive likely levels of both CM and DM overvoltages
by the use of some combination of the following.

1. Series input resistors, which may already be part of the input stage’s RF filtering,
will limit the current flowing into inputs. If the resistance between the input
socket and the active device is 5k{2, then above 25V DC or peak signal would be
needed to get more than 51xA to flow.



Interfacing and Processing 267

2. Back-to-back zeners to 0V, working in concert with series current-limiting
resistors (which may already be part of the input stage’s RF filtering). Both CM
and DM voltages can be clamped to any available zener voltage. Designers must
allow for quite wide variations with tolerance and temperature, and possible sonic
degradation. Programmable zeners may also be used or zeners may be combined
with BJTs.

3. Ordinary, fast diodes across the active differential inputs, in concert with series
input resistors in both legs. Protects against DM overdrive only. Internal to some
IC op-amps, for example, NE5534. External diodes with larger junctions may be
used to enhance protection.

4. Clamping relays. Placed after the series input current limiting resistors, inputs are
shorted to OV until power is up on all rails. With suitably rapid action and power
sensing, relays in this configuration can provide complete protection against both
DM and CM input signals.

5. Bin'? describes a method developed at the BBC, using VDRs, zeners, and current
sources, providing input protection to audio balanced line inputs (including power
amps) up to 240V ac. Alas, sonic quality may be detracted from.

8.6 What Are Process Functions?

When in use, an audio power amplifier is always but part of some greater system. In
domestic audiophile and even recording studio systems, it is commonplace for power
amplifiers to have no gain controls and to be devoid of any processing functions.

However, in professional music PA applications, by contrast, it is the exception to find
power amplifiers without panel gain controls (really attenuators). This facility turns into a
system processing function when the gain control element becomes remote controllable,
most particularly when all the amplifiers in a system or grouping are so equipped and also
when the rate of gain control change is fast enough for it to be used dynamically.

8.6.1 Common Gain Control (Panel Attenuator)

The most common, almost universal form of “gain control” is passive attenuation, set
usually via a panel knob, with a rotary pot or potentiometer.
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8.6.1.1 Characteristics

As “voltage matching” is the norm for modern audio, pots are nearly always wired in the
voltage divider mode, where the wiper is the output. At this point, the source impedance
seen varies, up to a maximum of a quarter (25%) of the pot’s rated value (i.e., the end-to-
end resistance) at half setting. At the pot’s maximum and minimum settings, the source
impedance reaches a few ohms above zero, which is usually much less than the preceding
signal source’s impedance.

8.6.1.2 Common Values

In audio power amplifiers, the pot’s value is commonly 5 or 10k{2 in professional and
audiophile grade equipment and 20, 50, or 100k{2 or even higher in “consumer” grade
equipment. The lower pot values offer lower maximum impedances at half-setting, for
example, just 2500 €2 (2.5k?) for a (10kf) pot. This lessens the scope for noise pickup in
the inevitably unbalanced and relatively sensitive part of the amplifier circuitry where the
pot is placed.

8.6.1.3 Audio Taper

These considerations are true for ordinary pots with an audio taper, that is, those marked
‘log’ or ‘B’. As shown wired in Figure 8.9(a), these normally sweep over the maximum
possible range of level setting, from a purely nominal —oco (hard CCW or “shut off,”
really more like —60 to —70dB) up to 0dB (maximum level). The “audio taper” alias
logarithmic resistance change per ° rotation makes the change in sound level reasonably
constant with rotation. The full span and audio taper are relevant when a pot is needed to
act sometimes as volume control, where output levels very much lower than the power

Input

Input

Requires 100kA -

~120B jefined (lin) _ Requires
R loading defined
6K2 e.g. 10K R loading
(log) Ll ~0c dB Requires
R loading
above 20K
0o = Infinity
(a) (b) (c)

Figure 8.9: Gain Pot Variations
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amplifier’s capability are useful. It’s also relevant where a quick sweep to —oo (infinite
attenuation) may be needed as a mute—to turn off the signal in one speaker, say—
without switching off or unplugging anything.

8.6.1.4 The Right Range

In many applications, the range offered by a raw pot is far too wide. In other industries
employing pots, a vernier or a multiturn mechanism is added between the knob and shaft
to aid fine settings. However, these are eschewed by modem professional audio operators,
partly because of an ingrained fear of the loss of instant sweep control and because of
relatively high cost versus relative fragility. There is also the false sense of alignment
suggested by the verniers’ 3 or 4 figure scale; scales on different amplifiers would be
strictly incomparable, owing to most pots’ poor tolerances, particularly good-sounding
log pots. In the past 20 years, variations of 5 to 25% (or 0.5 dB to 3dB) have remained
the norm for the resistance mismatch between different pots at the same mechanical
setting.

8.6.1.5 Linear Variants

Using a linear (A) pot and a fixed resistor, Figure 8.9(b) shows how adjustment range is
restricted to the “top” 12dB, that is, 0dB to —12dB. For system adjustment, this may be
more usefully expressed as +/-6dB. This range of adjustment is preferable for active
crossover-based and arrayed systems, where the gain of individual amplifiers benefits
from close adjustments and only needs this limited range. In practice, switched (say)
—20dB and —oo settings are then required. Note that the impedance vs. rotation relation
is naturally slightly changed—the highest source impedance is here less at about 20%
(rather than 25%) of the pot.

Returning to the full-scale mode, a linear pot may alternatively be used [Figure 8.9(c)],
with a fixed resistor used for “law faking.” This converts the linear law to a log-like
curve, if the pot and resistor values are kept within tight limits; this approach can give
approximations of an audio taper that are at least more consistent than most log pots,
which are made by butting n different-valued linear track segments together. Note that
the pot’s effective value is here a tenth of its rated value after the law faking resistor

is included. As a result, the pot shown in Figure 8.9(c) looks like a 10kf2 pot to the
load. However, the maximum source resistance is, as with the audio taper, at the 50%
attenuation point and is just about 10% from maximum.
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8.6.1.6 Position

As in other analogue audio circuits, the placement of any gain control device requires
careful considerations in regard to considering trade-offs in headroom and SNR. But in
power amplifiers having a minimum path, there is not much choice for location. They all
end up after the input is unbalanced but before it is raised far.

Placement couldn’t be contemplated after the point of signal passing to the input of the
power stage, for example, as pots having film tracks (cf. wire wound) that are suitable for
audio by virtue of low rotation noise are unsuited to high dissipation. In any event, most
power stage topologies don’t have a place for inserting a single-ended, passive voltage
divider, don’t like having their gain widely changed, and are moreover wrapped around
by NFB.

Adequate CMR (at the amplifier’s input) demands good balancing, which in turn relies on
resistance matching to better than at least 0.5%, and since even makers of very expensive,
high specification pots have problems maintaining matching between two or more
sections to even 2%, over the entire travel, pots passing audio have to be placed after the
input signal has been converted to single ended, that is, after the debalancer (DTSEC).
Virtually all power amplifier gain pots (or whatever other gain control devices) end up
thusly sandwiched. A few are used in active mode, where the pot is used in the NFB loop,
of either an added line-level stage or even a gain-change tolerant power stage. This seems
smart but it has its own problems.

8.6.1.7 Fixed Install

In amps principally intended for fixed installation, whether for a home cinema or public
venues, and where power amplifier gain trims are needed or helpful for setting up,
“knobless” gain controls are welcomed. Here, shafts are normally recessed and can

Figure 8.10: Gain pot settings. Shown are six ways of looking at any power amplifier’s gain
control; in this instance the simplest and most familiar “volume” control type. The final
knob labeled “input clip volts (pk)” scale is for peak levels and is correct only for an
amplifier that clips at 900 mV rms. In reality, the point would depend on speaker loading,
mains voltage, the program, etc. The constant 9.6-V peak reached at lower levels shows
where the input stage clips or where zener-based input-protection clamping is operating.
Courtesy of Citronic Ltd.
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only be turned with a screwdriver. This avoids not just casual tampering, but knobs

being moved (and settings lost) by accidental brushing, sweeping, or knocking. A collet
nut may be included. When tightened, the setting will then be immune to attack by a
screwdriver, as well as vibration creep. As a further discouragement to “let’s turn this up,”
such controls may be placed on the rear panel of the amp or hidden behind cover plates.

8.6.2 Remotable Gain Controls (Machine Control)

Pots are mostly made to interface with human fingers via knobs. When a sound system
moves past the point where a single driver in each band can handle the power required or
where Ambisonic or other multichannel sound is contemplated, remote control opens the
door to “intelligent” control of loudspeaker systems and clusters, including balancing and
tweaking directivity, imaging, and focusing, by machines and via wires and radio links.
The gain of an amp can be controlled by a variety of electronic means (Figure 8.11). The
purely electronic means are fast enough to perform additional, true processing functions,
for example, limiting.
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Figure 8.11: The family tree of electronically controllable gain and attenuation devices.
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Usually a motor connects to the same shaft as a knob, but the latter via a slipping clutch.
Either may override. This keeps the simplicity but shares the wide setting tolerance,
sonic, and some of the mechanical limitations, of ordinary pots, for example, fragile shaft,
relatively low setting speed. Which overrides the other depends on which way confidence
most leans—toward human fingers or computers! Control circuitry is needed to decode
remote command signals, which may be a variety of formats. Special driver ICs (e.g., BA
series made by Rohm in Japan) make design and manufacture easy but might pose major
replacement headaches to some owners in the future.

8.6.2.1 Voltage-Controlled Amplifiers

Commonly called a voltage-controlled amplifier, most are used as VC attenuators,
usually as a solid state and always an analogue circuit. Most are ICs based around one

of a limited number of proprietary schemes, which are made (or licensed, e.g., That
Corp. in U.S. licenses, National in Japan) by one of three main patent holders, all in the
United States.'* Otherwise they are based on a discrete circuit or on a consumer grade
‘OTA’ IC. Gain is accurately settable to within a fraction a dB, down to at least —70dB
and even into positive gain with some parts. Gain is always defined by an analogue
control voltage (or current) that may be derived locally after decoding from a digital line
or buss. Refined VCAs introduce considerable added circuitry into the signal path, which
may defeat its own purpose. The simplest parts add two stages. They may boast low
noise but it is at the expense of exposing the unnatural distortion patterns they create. The
best performers add as many as five sequential stages and more than 5 op-amps may be
required. If part quality is not to be compromised, the added cost seems high. Operating
speed with most types can be very high, under 1 ItS. In this way, VCAs and all the
following contrivances are applicable to dynamic functions, up to the fastest meaningful
audio peak limiting.

8.6.2.2 LED + LDRs

With this method, the control signal drives an LED so that full brightness is defined as
either maximum level or full attenuation. An adjacent light-dependent resistor (LDR)

acts as the upper or lower arm of a passive attenuator. The intrinsic circuit isolation

and physical separation that is possible makes LED/LLDRs attractive in systems where
isolation (of both grounds and common-mode voltages to 2.5kV or more) is important for
safety or EMC. These parts provide remote control connections analogous to connecting
digital feeds via opto-isolators.
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Tolerance is an issue and is dependent on the constituent parts, both semiconductors.
Because the tolerance of both LDRs and LEDs is rather wide, manufactured combination
devices are likewise broadly specified. The performance of both devices also varies
widely with temperature. Also, in many circuits, there is no negative feedback loop to
keep these variables within limits. Thus LDR/LED combinations are unsuited to system
gain control due to inconsistencies of say +/-3 dB. They are fast enough to be used as
limiters for bass and even midfrequencies in active crossover systems, and sonic quality
is regarded as among the best. However, the above gain variation (in a population) would
translate as a spectral imbalance, making overdriven conditions in a large system unsafe
and/or uncomfortable, as well as drawing attention to the limiter action.

An LDR may also be partnered with an incandescent lamp. Even if small, the lamp is
relatively slow to turn on and off, preventing its use for clean-cut dynamics processing,
and lamp life span is more vibration sensitive and so not as certain as solid-state parts in
road-going use.

8.6.2.3 Junction Field-Effect Transistors

JFETs are the lowest cost elements and can be made operative with little support
circuitry. They are normally applied in the lower arm of an attenuator network. Without
introducing complications of increased noise, noise pick-up, and other sonic degradation
caused by introducing high ohmic value series resistors, attenuation is limited in range,
and unless added circuitry can be justified, mild attenuation (around -6 dB) produces high
(1 to 10% but mainly benign, low order) harmonic distortion.'> Low distortion control
can be attained by placing the JFET in a control loop, comprising two or more op-amps
and other active parts. However, as most JFETS’ R, is in the order of a few tens of ohms,
attenuation is still typically limited to —20 to —30dB, enough for limiting, but not as a
VCA gain and mute control.

8.6.2.4 Multiplying Digital-to-Analogue Converters

Multiplying digital-to-analogue converters (M-DACs) involve a resistive ladder, usually
binary, with semiconductor switches, usually small-signal MOSFETs. They are the
solid-state equivalent of a relay-controlled attenuator ladder (see later). Types suitable
for high-performance audio must have dB steps—awkward in binary format—and
special MOSFETs for low distortion and absence of “zipper” noise. The latter undesired
sonic effect occurs in low-grade M-DAC:S; it is caused by step changes in DC levels or
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feed through from the digital control signal. Unlike the previous elements, an M-DAC
has discrete resolution—just like a stepped (“detented”) pot. At low attenuations, step
size must be no more than 1 dB for precise control; below —30dB, larger steps (2dB)
are usually fine enough. To attenuate down to —70dB in 1-dB steps, 12-bit M-DAC is
required.

8.6.2.5 R&R Array

Comprising resistors and relays, this is the mechanical counterpart of the M-DAC,

with relays opening and closing paths in a “ladder” or other array of (usually) discrete
attenuator resistors. Only high reliability, ATE-grade, sealed reed relays are suited for
high-performance audio on grounds of both reliability and sonics. Such relays can act in
under | mS and have fast settling, but are still not really suited to dynamics processing!
Getting dB steps to act binarily with a resistor array takes some lateral thinking. Although
the relays required are relatively expensive, by ingenious network adaptation to increment
in binary dB, a mere seven can offer a 60-dB range in [-dB steps. With suitably well-
specified resistors, this type can offer the highest transparency of any gain control device.

8.6.2.6 Summary

Motorized pots, lamp + LDRs, and relay/resistor arrays are good for remote- or machine-
controlled gain trim and setting. The latter are the fastest and likely most reliable.

J-FETs and LED + LDRs are good for dynamics processing, but attaining accurate,
noninvasive performance takes from the initial simplicity.

VCAs and M-DAC:s are elements that can do both kinds of jobs well.

8.6.3 Remote Control Considerations

Computers regularly feign precision that is only virtual. Until gain control elements
become self-checking, self-calibrating, and self-aligning, they require careful
specification.

8.6.3.1 Temperature

Pots (particularly conductive plastic), JFET, LDR, and particularly VCA elements are
quite temperature sensitive. Unless designed with very low fempco, then when used in
two or more channel amplifiers, they must be placed isothermally, that is, cosited to be
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independent of all the major temperature gradients, dependent on drive patterns, siting
and even amplifier and rack orientation, as a hot gas usually rises upwards relative to the
earth’s surface. This is true even with amplifiers employing forced venting, when small
signal parts are not in an air path and are left to cool by microconvection, conduction, and
reradiation.

Without such precautions, differences in channel gains of 2dB have been observed in an
amplifier employing VCA-controlled gain when driven up to working temperatures. This
is enough to cause howl round or upset spectral balance.

8.6.3.2 Repeatability

Remote gain settings must not drift or have repeatability errors, which can accumulate
to cause more than (say) +/-0.15-dB total error. This may seem stringent, yet on top of
an initial tolerance of another +/-0.15dB, it allows a worst case total difference between
speakers of 0.6 dB. Other errors (cable losses, driver mismatches) are of a similar order
and add to the differencing toll so there is no room for complacency. Least is best.

8.6.3.3 Conclusion

M-DAC:s and relay-resistor-array attenuators have the highest stability against
temperature and time. Other types may prove acceptable with ameliorative engineering.
Setting precision should not be taken for granted.

8.6.4 Compression and Limiting

Compression and limiting (comp-lim) are gain reduction, alias dynamics processing
techniques, that are employed (among other things) to protect speakers, ears, and
amplifiers from excess, distorted signal levels. In professional, active crossover-based
systems, they are usually embodied within the active crossover. This is the best position
for logistics in traditional large systems, with only one comp-limper band to worry about.
Positioned within the filter chain can also be the best location for sonics.

Where power amplifiers are driven full range or where active crossover filter sections are
integral to the power stage, compression and limiting functions may take place within
individual power amplifiers.

Compression must be used sparingly, as average power dissipation in the drivers will
be increased, potentially part-defeating the object, as speakers may then suffer burnout.



Interfacing and Processing 277

Paradoxically, the compression threshold (at least for bass frequencies) should be
increased if the gain reduction exceeds about 6 dB. Also, attack and release times require
careful setting to avoid pumping on strong low bass.

Limiting is a higher ratio, more brute force (many dB-to- 1) gain reduction. Its raison
d’etre is to catch fast peaks, hence “peak limiting.” Attack times that are useful for
protecting most loudspeaker drivers are in the order of 10 pS. Faster rising peaks that “get
through” rarely cause damage to hardware, but may be reproduced efficiently by metal-
diaphragmed drive units (cf. paper cones) and perceived and found highly unpleasant by
the ear. Hence faster-acting peak limiters may enhance sound quality under many real
conditions of “operator abuse.”

8.6.5 Clipping (Overload) Considerations

Driving any power amplifier with excessive input results in clipping because the output’s
excursion is finite. Amplifiers offering higher power into a given load impedance provide
a higher voltage swing into that impedance so clipping for a given sound pressure level
is less likely to arise. However, linear increases in power give only underproportionate,
logarithmic increases in headroom (in dB) and cost linearly ascending amounts of money.
At some point, whatever more swing could be afforded would make no difference, and

a limit is set. Exceeding this is clipping. For short periods it can be benign but else it

is unpleasant and potentially damaging to hearing and positively damaging to hf and
bass drive units in particular. Moreover, considerable overdriving, into hard clip, as can
happen at any time by accident, even with domestic systems, can heavily saturate and
thus vaporize the BJT output stages of inadequately designed power amplifiers.

8.6.6 Clip Prevention

Destructive and antisocial clipping may be prevented with comparatively simple circuits
performing like a dedicated, fast limiter. There are as many names as there are makers.
Some examples are shown in Table 8.6.

In these and related schemes, clip prevention does not occur until a dB or so of clip. Using
the 100-W analogy, the usual low % THD does not rise until the signal passes above about 50
to 70 W. If headroom is adequate, this point should hardly ever be reached with the majority
of recorded sound. With live sound, it may be reached quite often, but the fact that the deeply
unpleasant point only 1 dB higher is not crashed through is of far more importance.
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Table 8.6: Manufacturer and their products

ARX systems Anticlip

Carver Clipping eliminator

Crest Audio IGM (Instantaneous Gain Modulation)
Crown (Amcron) AGC in PSA2 (Automatic Gain Control)
Malcolm Hill Headlok

8.6.7 Soft Clip

“Soft clip” is a feature that aims to defeat the suddenness of the onset of hard distortion
above the clip level in conventional, high NFB power amplifiers. It may be provided as a
fixed or switchable option. Unlike compression and limiting, there are no time constants,
no settings, and no attempt to avert serious distortion of a sine wave. However, the
clipped waveform does not readily square off and retains some curvature (dV/df) even
with heavy overdrive (e.g., at +10dBvr). This greatly reduces the massed production of
unpleasant, high harmonics and intermodulation products of hard clipping. One apparent
(but not necessarily actual) snag is that because hard clipping is a real limit, soft clipping
has to begin to occur up to —10dB below full output (—10dBvr). This is tantamount to
saying that distortion (%THD say) with a 100-W amplifier begins rising from above
about 10W, as opposed to rising very abruptly above exactly 100 W, while remaining
extremely low up to this point. Here is one difference between low and high global
feedback amplifier behavior.

Soft clipping restores the more forgiving behavior of low feedback to a high NFB amplifier.
The extent to which it undoes all the high feedback’s other benefits is unqualified. At least
the high NFB is in operation for most of the time, for with proper headroom allowance,
most of the musical content should lie below the —10-dB threshold or so, whence the soft
clip is inactive. Usually soft clipping is arranged to be symmetrical. This may not create the
most consonant harmonic structure. Figure 8.12 shows a classic circuit.

8.7 Computer Control

Computer control of audio power amplifiers has been slow to develop. This is because
amplifiers have not been a useful place, in most instances, for physical control surfaces.
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Figure 8.12: A typical soft clip circuit as used in the Otis Power Station amplifier.
Copyright Mead & Co. 1988.

With a virtual control surface, the traditional limitation vanishes. In turn, installation
setup, constant awareness of status, and troubleshooting of amplifiers in medium to large
installations are all enhanced. One person can “be in six places at once.”

The Dutch PA system manufacturer Stage Accompany was a pioneer of the computer-
controlled and monitored PA system in the mid-1980s. However, the first widespread
commercial system that wasn’t a dedicated, integrated type was Crown’s /Q, running on
Apple Macintosh (1986). The second was Crest Audio’s aptly named Nexsys, running
on PC. Most subsequent systems have been IBM-PC-compatible types, running under
Microsoft’s Windows. Every system is different, yet offers similar, fairly predictable
features; there is no clear-cut choice. At the time of writing (1996), some “future
proofed” universal, nonpartisan, networkable system contenders that seem most likely
to become industry standards appear to have priced themselves out of consideration.
Instead, makers continue rolling their own. Recent examples include the IA (intelligent
Amplifier) system by C-Audio, the MIDI-based interface used by MC 2 (UK), and QSC’s
Dataport system.
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Today’s computer-control systems theoretically offer:

1. the remote control of many of most of the facilities and controls considered here
and in other chapters.

2. the flexible ganging, nesting, and prioritization of these controls.

3. the transmission of real-time signal, thermal, rail voltage, or PSU energy
storage data, monitoring, logging, and alarming. May even include a measure of
utilization, for example, if a particular amplifier’s swing is largely unused as a
consequence of overspecification.

4. the remote, even automatic, testing of amplifiers, speaker loads, and their
connections.

Thus far, most computer-controlled power amplifiers require an interfacing card to be
plugged in. Some types have integral microprocessors.

A well-designed computer control interface must not affect the analogue systems
grounding or compromise mains safety. These requirements are met by the fiber-optic,
opto-, or transformer-coupled interfacing, familiar enough in digital audio. Such systems
must also not only meet EMC requirements, but also, in real world conditions, not radiate
or introduce EMI to the power amplifiers. The system must also be able to recognize
faults in its own connectivity to power amplifiers.
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Audio Amplifiers

John Linsley Hood

Solid-state device technologies, which are available to the amplifier designer, fall, broadly,
into three categories: bipolar junction transistors (BJTs) and junction diodes; junction field
effect transistors (FETs); and insulated gate FETs, usually referred to as MOSFETSs (metal
oxide silicon FETSs), because of their method of construction. These devices are available
in both P type—operating from a negative supply line—and N type—operating from a
positive supply line. BJITs and MOSFETs are also available in small-signal and larger
power versions, whereas FETs and MOSFETSs are manufactured in both enhancement-
mode and depletion-mode forms. Predictably, this allows the contemporary circuit designer
very considerable scope for circuit innovation, by comparison with electronic engineers of
the past, for whom there was only a very limited range of vacuum tube devices.

In addition, there is a very wide range of integrated circuits (ICs), which are complete
functional modules in some (usually quite small) individual packages. These are designed
both for general-purpose use, such as operational amplifiers, and for more specific
applications, such as voltage regulator devices, current mirrors, current sources,
phase-sensitive rectifiers, and an enormous variety of designs for digital applications,
which mostly lie outside the scope of this book.

In the case of discrete devices, I think it is unnecessary for the purposes of audio
amplifier design to understand the physical mechanisms by which the devices work,
provided that their would-be user has a reasonable grasp of their operating characteristics
and limitations and, above all, a knowledge of just what is available.

9.1 Junction Transistors

These are nearly always three-layer devices, fabricated by the multiple and simultaneous
vapor phase diffusion and etching of small and intricate patterns on a large, thin slice of



284 Chapter 9

very high purity single crystal silicon. A few devices are still made in germanium, mainly
for replacement purposes, and some VHF components are made in gallium arsenide, but
these will not, in general, lie within the scope of this book. The fabrication techniques
may be based on the use of a completely undoped (intrinsic) slice of silicon, into which
carefully controlled quantities of impurities are diffused through an appropriate mask
pattern from both sides of the slice. These are described in the manufacturers’ literature
as double diffused, triple diffused, and so on.

In a later technique, evolved by the Fairchild Instrument Corporation, all the diffusions
were made from one side of the slice. These devices were called planar and had,
normally, a better HF response and more precisely controlled characteristics than, for
example, equivalent double-diffused devices. In a further, more recent, technique,

also due to Fairchild, the silicon slice will have been made to grow a surface layer of
uniformly doped silicon on the exposed side (which will usually form the base region
of a transistor) and a single diffusion was then made into this doped layer to form the
emitter junction. This technique was called epitaxial and led to transistors with superior
characteristics, especially at HF. Since this is the least expensive BJT fabrication process,
it will normally be used wherever it is practicable, and if no process is specified it may
reasonably be supposed to be a planar-epitaxial type.

In contrast to a thermionic valve, which is a voltage-controlled device, the BJT is a
current operated one. So while a change in the base voltage will result in a change in the
collector current, this has a very nonlinear relationship to the applied base voltage. In
comparison to this, the collector current changes with the input current to the base in a
relatively linear manner. Unfortunately, this linear relationship between I, and I, tends
to deteriorate at higher base current levels, as shown in Figure 9.1. This relationship
between base and collector currents is called the current gain, and for AC operation is
given the term /., and its nonlinearity is an obvious source of distortion when the device
is used as an amplifier. Alternatively, one could regard this lack of linearity as a change
of hgg (this term is used to define the DC or LF characteristics of the device) as the base
current is changed. A further problem of a similar kind is the change in /. as a function
of signal frequency, as shown in Figure 9.2.

However, as a current amplifier (which generally implies operation from a high
impedance signal source) the behavior of a BJT is vastly more linear than when used as
a voltage amplifying stage, for which the input voltage/output current relationships are
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Figure 9.1: BJT nonlinearity.

Frequency

»

Figure 9.2: Decrease in hg, with frequency.

shown for an NPN silicon transistor as line ‘a’ in Figure 9.3. (I have included, as line
‘b’, for reference, the comparable characteristics for a germanium junction transistor,
although this would normally be a PNP device with a negative base voltage, and a
negative collector voltage supply line.) By comparison with, say, a triode valve, whose
anode current/grid voltage relationships are also shown as line ‘c’ in Figure 9.3, the BJT
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Figure 9.3: Comparative characteristics of valve, germanium, and silicon based BJTs.

is a grossly nonlinear amplifying device, even if some input (positive in the case of an
NPN device) DC bias voltage has been chosen so that the transistor operates on a part of
the curve away from the nonconducting initial region.

9.2 Control of Operating Bias

There are three basic ways of providing a DC quiescent voltage bias to a BJT, which is
shown in Figure 9.4. In the first of these methods, shown in Figure 9.4(a), an arrangement
that is fortunately seldom used, the method adopted is simply to connect an input resistor,
R/, between the base of the transistor and some suitable voltage source. This voltage can
then be adjusted so that the collector current of the transistor is of the right order to place
the collector potential near its desired operating voltage. The snag with this scheme is that
transistors vary quite a lot from one to another of nominally the same type, so this would
require to be set anew for each individual device. Also, if the operating temperature
changes, the current gain of the device (which is temperature sensitive) will be altered
and, with it, the collector current of Q; and its working potential. The arrangement shown
in Figure 9.4(b) is somewhat preferable in that a high current gain transistor, or one
working at a higher temperature, will pass more current, and this will lower the collector
voltage of Q;, which will, in turn, reduce the bias current flowing through R;. However,
this also provides NFB and will limit the stage gain to a value somewhat less than R;,Z;,.
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Figure 9.4: Biasing circuits.

The method almost invariably used in competently designed circuitry is that shown in
Figure 9.4(c), or some equivalent layout. In this, a potential divider (R;,R,) having an
output impedance low in relation to the base impedance of Q; is used to provide a fixed
DC base potential. Since the emitter will, by emitter—follower action, sit at a potential,
depending on emitter current, which is about 0.6 V below that of the base, the value of
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R, will then determine the emitter and collector currents, and the operating conditions

so provided will hold good for almost any broadly similar device used in this position.
Since the emitter resistor would cause a significant reduction in stage gain, as seen in the
equivalent analysis of valve cathode bias systems, it is customary to bypass this resistor
with a capacitor, C,, which is chosen to have an impedance low in relation to R, and R5.

9.3 Stage Gain

The stage gain of a BJT, used as a simple amplifier, can be determined from the
relationship:

Vout — hfeRL
V. Ry + 1

m

where R, is the source resistance, R; is the collector load resistor, A, is the small-signal
(AC) current gain, and r; is the internal emitter-base resistance of the transistor. An
alternative and somewhat simpler approach is similar to that used for a pentode valve gain
stage in which

Vout/vin = ngL

where the g, of a typical modern planar epitaxial silicon transistor will be in the range of
25-40mS/mA of collector current. Because the g, of the junction transistor is so high, high
stage gains can be obtained with a relatively low value of load resistor. For example, a small-
signal transistor with a supply voltage of 15V, a 4k7 collector load resistor, and a collector
current of 2mA will have a low frequency stage gain, for a relatively low source resistance,
of some 300". If some way can be found for increasing the load impedance, without also
increasing the voltage drop across the load, very high gains indeed can be achieved—up to
2500 with a junction FET acting as a high impedance constant current load. !

A predictable, but interesting aspect of stage gain is that the higher the gain, which can be
obtained from a circuit module, the lower the distortion in this which will be due to the
input device. This is so because if increasingly small segments are taken from any curve,
they will progressively approach more closely to a straight line in their form. This allows
a very low THD figure, much less than 0.01% at 2V rms output, over the frequency range
10Hz-20kHz, to be obtained from the simple NPN/PNP feedback pair shown in Figure 9.5,
which would have an open loop gain of several thousand. The distortion contributed by



Audio Amplifiers 289

ovo T ooV

Figure 9.5: NPN/PNP feedback pair.

O, will be relatively low because of the high effective source resistance seen by the O,
base. A similar low level of distortion is given by the amplifier layout (bipolar transistor
with constant current load) described earlier because of the very high stage gain of the
amplifying transistor and the consequent utilization of only a very small portion of its
1./Vy, curve.

9.4 Basic Junction Transistor Circuit Configurations

As in the case of the thermionic valve, there are a number of layouts, in addition to the
simple single transistor amplifier shown in Figure 9.4 or the two-stage amplifier of Figure
9.5, that can be used to provide a voltage gain or to perform an impedance transformation
function. There is, for example, the grounded base layout of Figure 9.6, which has a very
low input impedance, a high output impedance, and a very good HF response. This circuit
is far from being only of academic interest in the audio field in that it can provide, for
example, a very effective low input impedance amplifier circuit for a moving coil

pick-up cartridge. I showed a circuit of this type, dating from about 1980, in an earlier
book (Audio Electronics, Newnes, 1995, p. 133).
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Figure 9.6: Grounded base stage.

The cascode layout is also used very widely as a voltage amplifier stage, using a circuit
arrangement of the kind shown in Figure 9.7(a). As in the case of the valve amplifier
stage, this circuit gives very good input/output isolation and an excellent HF performance
due to its freedom from capacitative feedback from output to input. It can also be
rearranged, as shown in Figure 9.7(b), so that the input stage acts as an emitter—follower,
which gives a very high input impedance.

The long-tailed pair layout, shown in its simplest form in Figure 9.8(a), gives a very
good input/output isolation; also, because it is of its nature a push—pull layout, it gives
a measure of reduction in even-order harmonic distortion. Its principal advantage, and
the reason why this layout is normally used, is that it allows, if the tail resistor (R)) is
returned to a —ve supply rail, both of the input signal ports to be referenced to the 0-V
line—a feature that is enormously valuable in DC amplifying systems. The designer
may sometimes seek to improve the performance of the circuit block by using a high
impedance (active) tail in place of a simple resistor, as shown in Figure 9.8(b). This will
lessen the likelihood of unwanted signal breakthrough from the —ve supply rail, as well
as ensuring a greater degree of dynamic balance, and signal transfer, between the two
halves.

Although like all solid-state amplifying systems it is free from the bugbears of hum and
noise intrusion from the heater supply of a valve amplifying stage—likely in any valve
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Figure 9.7: Cascode layouts.

amplifier where there is a high impedance between cathode and ground—it is less good
from the point of view of thermal noise than a similar single stage amplifier, partly
because there is an additional device in the signal line and partly because the gain of a
long-tailed pair layout will only be half that of a comparable single device gain stage.
This arises because if a voltage increment is applied to the base of Oy, then the Q; emitter
will only rise half of that amount due to the constraint from Q,, which will also see, but in
opposite phase and halved in size, the same voltage increment. This allows, as in the case
of the valve phase splitter, a very close similarity, but in opposite phase, of the output
currents at Q; and Q, collectors.

9.5 Emitter-Follower Systems

These are the solid-state equivalent of the valve cathode follower layout, although
offering superior performance and greater versatility. In the simple circuit shown in
Figure 9.9 (the case shown is for an NPN transistor, but a virtually identical circuit, but
with negative supply rails, could be made with a similar PNP transistor), the emitter will
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sit at a quiescent potential about 0.6 V more negative than that of the base, and this will
follow, quite accurately, any signal voltage excursions applied to the base. (There are
some caveats in respect of capacitative loads; these potential problems will be explored
under the heading of slew rate limiting.) The output impedance of this circuit is low
because this is approximately equal to 1/g,,, and the g, of a typical small-signal, silicon
BJT is of the order of 35mA/V (35mS) per mA of emitter current. So, if Q; is operated at
5mA, the expected output impedance, at low frequencies, will be 1/(5.35) kilohms, or

5.7 ohms, a value that is sufficiently smaller than any likely value for R, that the presence
of this resistor will not greatly affect the output impedance of the circuit.

The output impedance of a simple emitter—follower can be reduced still further by the
circuit elaboration shown in Figure 9.10, known as a compound emitter—follower. In
this, the output impedance is lowered in proportion to the effective current gain of Q, in
that, by analogy with the output impedance of an operational amplifier with overall NFB,
any change in the potential of the Q, emitter, brought about by an externally impressed
voltage, will result in an opposing change in the collector current of Q,. This layout
gives a comparable result to that of the Darlington pair, of two transistors, in cascade,
connected as emitter—followers, shown in Figure 9.11, except that the arrangement of
Figure 9.10 will only have an input/output DC offset equivalent to a single emitter-base

O + V.
= A
rs I QZ
Input O—E}1
O Qutput
=F
ovVOoO ooV

Figure 9.10: Compound emitter—follower.
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Figure 9.11: Darlington pair.

forward voltage drop, whereas the layout of Figure 9.11 will have two, giving a combined
quiescent voltage offset of the order of 1.3—1.5 V. Nevertheless, in commercial terms,

the popularity of power transistors, connected internally as a Darlington pair, mainly for
use in the output stages of audio amplifiers, is great enough for a range of single chip
Darlington devices to be offered by the semiconductor manufacturers.

9.6 Thermal Dissipation Limits

Unlike a thermionic valve, the active area of a BJT is very small, in the range of 0.5 mm
for a small signal device to 4 mm or more for a power transistor. Because the physical
area of the component is so small—this is a quite deliberate choice on the part of the
manufacturer because it reduces the individual component cost by allowing a very large
number of components to be fabricated on a single monocrystalline silicon slice—the
slice thickness must also be kept as small as possible—values of 0.15-0.5 mm are
typical—in order to assist the conduction of any heat evolved by the transistor action
away from the collector junction to the metallic header on which the device is mounted.

Whereas in a valve, in which the internal electrode structure is quite massive and
heat is lost by a combination of radiation and convection, the problem of overheating
is usually the unwanted release of gases trapped in its internal metalwork, the problem
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Figure 9.12: Bipolar breakdown limits.

in a BJT is the phenomenon known as thermal runaway. This can happen because the
potential barrier of a P-N junction (that voltage that must be exceeded before current will
flow in the forward direction) is temperature dependent and decreases with temperature.
Because there will be unavoidable nonuniformities in the doping levels across the
junction, this will lead to nonuniform current flow through the junction sandwich, with
the greatest flow taking place through the hottest region. If the ability of the device to
conduct heat away from the junction is inadequate to prevent the junction temperature
rising above permissible levels, this process can become cumulative. This will result in
the total current flow through the device being funneled through some very small area of
the junction, which may permanently damage the transistor. This malfunction is termed
secondary breakdown, and the operating limits imposed by the need to avoid this failure
mechanism are shown in Figure 9.12. Field effect devices do not suffer from this type of
failure.

9.7 Junction Field Effect Transistors (JFETs)

JFETs are, almost invariably, depletion mode devices, which means that there will be
some drain current at a zero-applied gate-source potential. This current will decrease in a
fairly linear manner as the reverse gate-source potential is increased, giving an operating
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characteristic, which is, in the case of an N-channel JFET, very similar to that of a triode
valve, as shown in curve ‘c’ of Figure 9.3. Like a thermionic valve, the operation of the
device is limited to the range between drain (or anode) current cutoff and gate (or grid)
current. In the case of the JFET, this is because the gate-channel junction is effectively

a silicon junction diode—normally operated under reverse bias conditions. If the gate
source voltage exceeds some 0.6 V in the forward direction, it will conduct, which will
prevent gate voltage control of the channel current.

P-channel JFETS are also made, although in a more limited range of types, and these have
what is virtually a mirror image of the characteristics of their N-channel equivalents,
although in this case the gate-source forward conduction voltage will be of the order

of —0.6V, and drain current cutoff will occur in the gate voltage range of +3 to +8V.
Although Sony did introduce a range of junction FETs for power applications, these are
no longer available, and typical contemporary JFETSs cover the voltage range (maximum)
from 15 to 50V, mainly limited by the gate-drain reverse breakdown potential, and with
permitted dissipations in the range 250-400 mW. Typical values of g, (usually called g,
in the case of JFETS) fall in the range of 2-6 mS.

JFETs mainly have good high-frequency characteristics, particularly the N-channel types,
of which there are some designs capable of use up to 500 MHz. Modern types can also
offer very low noise characteristics, although their very high input impedance will lead to
high values of thermal noise if their input circuitry is also of high impedance; however,
this is within the control of the circuit designer. The internal noise resistance of a JFET,
R(n), is related to the gy of the device by

R(n)ohms =~ 0.67/g;,

and the value of g, can be made higher by paralleling a number of channels within the
chip. The Hitachi 2SK389 dual matched-pair JFET achieves a g, value of 20mS by this
technique, with an equivalent channel thermal noise resistance of 33 ohms.?

Although JFETSs will work in most of the circuit layouts shown for junction transistors,
the most significant difference in the circuit structure is due to their different biasing
needs. In the case of a depletion mode device it is possible to use a simple source bias
arrangement, similar to the cathode bias used with an indirectly heated valve, of the kind
shown in Figure 9.13. As before, the source resistor, Rz, will need to be bypassed with

a capacitor, C,, if the loss of stage gain due to local NFB is to be avoided. As with a
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Figure 9.13: Simple JFET biasing system.

pentode valve, which the junction FET greatly resembles in its operational characteristics,
the simplest way of calculating stage gain is by the relationship:

A =~ g R .

The device manufacturers will frequently modify the structure of the JFET to linearize its
Vg/Id characteristics, but, in an ideal device, these will have a square-law relationship, as
defined by

8 = 1alVy = Lo [1= (VlVie )| = 1V,

For a typical JFET operating at 2mA drain current, the g, value will be of the order of
1-4mS, which would give a stage gain of up to 40 if R,, in Figure 9.13, is 10k2. This is
very much lower than would be given by a BJT and is the main reason why they are not
often used as voltage-amplifying devices in audio systems unless their very high input
impedance (typical values are of the order of 10'? Q) or their high, and largely constant,
drain impedance characteristics are advantageous.

The real value of the JFET emerges in its use with other devices, such as the bipolar/FET
cascode shown in Figure 9.14 or the FET/FET cascode layout of Figure 9.15. In the first of
these, use of the JFET in the cascode connection confers the very high output impedance
of the JFET and the high degree of output/input isolation characteristic of the cascode
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Figure 9.14: Bipolar/FET cascode.
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Figure 9.15: FET/FET cascode.

layout, coupled with the high stage gain of the BJT. The source potential of the JFET
(Q,) will be determined by the reverse bias appearing across the source/gate junction,
and could typically be of the order of 2—5 V, which will define the collector potential
applied to Q. A further common application of this type of layout is that in which the
cascode FET (Q, in Figure 9.15) is replaced by a high-voltage BJT. The purpose of this
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Figure 9.16: Drain current characteristics of junction FET.

arrangement is to allow a JFET amplifier stage to operate at a much higher rail voltage
than would be allowable to the FET on its own; this layout is often found as the input stage
of high-quality audio amps.

A feature that is very characteristic of the JFET is that for drain potentials above about
3V, the drain current for a given gate voltage is almost independent of the drain voltage,
as shown in Figure 9.16. BJTs have a high characteristic collector impedance, but their
1./V, curve for a fixed base voltage, also shown, for comparison, in Figure 9.16, is not as
flat as that of the JFET. The very high dynamic impedance of the JFET resulting from
this very flat /;/V, relationship encourages the use of these devices as constant current
sources, shown in Figure 9.17. In this form the JFET can be treated as a true two-terminal
device, from which the output current can be adjusted, with a suitable JFET, over the
range of several milliamperes down to a few microamperes by means of RV1.

9.8 Insulated Gate FETs (MOSFETs)

Insulated gate FET devices, usually called MOSFETs, are by far the most widely
available, and most widely used, of all the field effect transistors. They normally have a
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Figure 9.17: Current source layout.

rather worse noise figure than an equivalent JFET, but, on the plus side, they have rather
more closely controlled operating characteristics. The range of types available covers
the very small-signal, low-working voltage components used for VHF amplification in
TVs and FM tuners (for which applications a depletion-mode dual-gate device has been
introduced that has very similar characteristics to those of an RF pentode valve) to high-
power, high-working voltage devices for use in the output stages of audio amplifiers, as
well as many other high-power and industrial applications. They are made in both
depletion- and enhancement-mode forms (the former having gate characteristics similar
to that of the JFET, whereas the latter description refers to the style of device in which
there is normally no drain current in the absence of any forward gate bias), in N-channel
and P-channel versions, and, at the present time, in voltage and dissipation ratings of up
to 1000V and 600 W, respectively.

All MOSFETSs operate in the same manner, in which a conducting electrode (the gate)
situated in proximity to an undoped layer of very high purity single-crystal silicon (the
channel), but separated from it by a very thin insulating layer, is caused to induce an
electrostatic charge in the channel, which will take the form of a layer of mobile electrons
or holes. In small-signal devices this channel is formed on the surface of the chip between
two relatively heavily doped regions, which will act, respectively, as the source and the
drain of the FET, while the conducting electrode will act as the current controlling gate.

Although modern photolithographic techniques are capable of generating exceedingly
precise diffusion patterns, the length of the channel formed by surface-masking
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techniques in a lateral MOSFET will be too long to allow a low channel “on” resistance.
For high current applications, the semiconductor manufacturers have therefore evolved

a range of vertical MOSFETs. In these, very short channel lengths are achieved by
sequential diffusion processes from the surface, which are then followed by etching a

V- or U-shaped trough inward from the surface so that the active channel is formed across
the exposed edge of a thin diffused region. Because this channel is short in length, its
resistance will be low, and because the manufacturers generally adopt device structures
that allow a multiplicity of channels to be connected electrically in parallel, channel “on”
resistances as low as 0.008 €2 have been achieved.

Like a JFET, the MOSFET would, left to itself, have a square-law relationship between
gate voltage and drain current. However, in practice, this is affected by the device
geometry, and many modern devices have a quite linear I/V, characteristic, as shown in
Figure 9.18 for an IRF520 power MOSFET.

The basic problem with the MOSFET is that of gate/channel overvoltage breakdown,
in which the thin insulating layer of silicon oxide or silicon nitride between the gate
electrode and the channel breaks down. If this happens the gate voltage will no longer

A
10 4 [IRF520

Iy (amperes)

0 5 10

+ Vg (volts)

Figure 9.18: Power MOSFET.
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Figure 9.19: Diode gate protection.

control the drain current and the device is defunct. Because it is theoretically possible for
an inadvertent electrostatic charge, such as might arise with respect to the ground if a user
were to wear nylon or polyester fabric clothing and well-insulated shoes, it is common
practice in the case of small-signal MOSFETS for protective diodes to be formed on the
chip at the time of manufacture. These could be either zener diodes or simple junction
diodes connected between the gate and the source or the source and drain, as shown in
Figure 9.19.

In power MOSFETs, these protective devices are seldom incorporated into the chip.
There are two reasons for this: (1) that the effective gate/channel area is so large that the
associated capacitance is high, which would then require a relatively large inadvertently
applied static charge to generate a destructive gate/channel voltage (typically >40V), and
(2) that such protective diodes could, if they were triggered into conduction, cause the
MOSFET to act as a four-layer thyristor and become an effective electrical short circuit.
However, there are usually no performance penalties that will be incurred by connecting
some external protective zener diode in the circuit to prevent the gate/source or gate/drain
voltage exceeding some safe value; this is a common feature in the output stages of audio
power amplifiers using MOSFETS.

Apart from the possibility of gate breakdown, which, in power MOSFETsS, always occurs
at less than the maker’s quoted voltage, except at zero drain current, MOSFETSs are quite
robust devices, and the safe operating area rating (SOAR) curve of these devices, shown
for a typical MOSFET in Figure 9.20, is free from the threat of secondary breakdown
whose limits are shown, for a power BJT, in Figure 9.12. The reason for this freedom
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Figure 9.20: Power MOSFET SOAR limits.

from localized thermal breakdown in the MOSFET is that the mobility of the electrons
(or holes) in the channel decreases as the temperature increases, which gives all FETs a
positive temperature coefficient of channel resistance.

Although it is possible to propose a mathematical relationship between gate voltage and
drain current, with MOSFETsSs as was done in the case of the JFET, the manufacturers
tend to manipulate the diffusion pattern and construction of the device to linearize its
operation, which leads to the type of performance (quoted for an actual device) shown
in Figure 9.21. However, as a general rule, the g¢, of a MOSFET will increase with drain
current, and a forward transconductance (slope) of 10S/A is quoted for an IRF140 at an
ID value of 15 A.

9.9 Power BJTs vs Power MOSFETs as Amplifier Output Devices

Some rivalry appears to have arisen between audio amplifier designers over the relative
merits of power BJTs, as compared with power MOSFETsS. Predictably, this is a mixture
of advantages and drawbacks. Because of the much more elaborate construction of the
MOSFET, in which a multiplicity of parallel connected conducting channels is fabricated
to reduce the conducting “on” resistance, the chip size is larger and the device is several
times more expensive both to produce and to buy. The excellent HF characteristics of the
MOSFET, especially the N-channel V and U MOS types, can lead to unexpected forms
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Figure 9.21: MOSFET characteristics.

of VHF instability, which can, in the hands of an unwary amplifier designer, lead to the
rapid destruction of the output devices. However, this excellent HF performance, when
handled properly, makes it much easier to design power amplifiers with good gain and
phase margins in the feedback loop, where overall NFB is employed. In contrast, the
relatively sluggish and complex characteristics of the junction power transistor can lead
to difficulties in the design of feedback amplifiers with good stability margins.

Also, as has been noted, the power MOSFET is intrinsically free from the problem of
secondary breakdown, and an amplifier based on these does not need the protective
circuitry that is essential in amplifiers with BJT output devices if failure is to be avoided
when they are used at high power levels with very low impedance or reactive loads.

The problem here is that the protective circuitry may cut in during high-frequency
signal level peaks during the normal use of the amplifier, which can lead to audible
clipping. (Incidentally, the proponents of thermionic valve-based audio amplifiers have
claimed that the superior audible qualities of these, by comparison with transistor-based
designs, are due to the absence of any overload protection circuitry that could cause
premature clipping and to their generally more graceful behavior under sporadic overload
conditions).
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A further benefit enjoyed by the MOSFET is that it is a majority carrier device, which
means that it is free from the hole-storage effects that can impair the performance of
power junction transistors and make them sluggish in their turn-off characteristics at
high collector current levels. However, on the debit side, the slope of the V,/I4 curve of
the MOSFET is less steep than that of the Vi/I, curve of the BJT, which means that the
output impedance of power MOSFETSs used as source followers is higher than that of an
equivalent power BJT used as an emitter follower. Other things being equal, a greater
amount of overall negative feedback (i.e., a higher loop gain) must therefore be used to
achieve the same low amplifier output impedance with a power MOSFET design than
would be needed with a power BJT one. If a pair of push—pull output source/emitter
followers is to be used in a class AB output stage, more forward bias will be needed with
the MOSFET than with the BJT to achieve the optimum level of quiescent operational
current, and the discontinuity in the push—pull transfer characteristic will be larger in size,
although likely to introduce, in the amplifier output signal, lower rather than higher order
crossover harmonics.

9.10 U and D MOSFETs

I have, so far, lumped all power MOSFETsS together in considering their performance.
However, there are, in practice, two different and distinct categories of these, based

on their constructional form, and these are illustrated in Figure 9.22. In the V or U
MOS devices—these are just different names for what is essentially the same system,
depending on the profile of the etched slot—the current flow, when the gate layer has
been made sufficiently positive (in the case of an N-channel device) to induce a mobile
electron layer, will be essentially vertical in direction, whereas in D-MOS or T-MOS
construction the current flow is T shaped from the source metallization pads across

the exposed face of the very lightly doped P region to the vertical N—/N+ drain sink.
Because it is easier to manufacture a very thin diffused layer (=short channel) in the
vertical sense than to control the lateral diffusion width, in the case of a T-MOS device,
by surface masking, the U-MOS devices are usually much faster in response than the
T-MOS versions, but the T-MOS equivalents are more rugged and more readily available
in complementary (N-channel/P-channel) forms.

All power MOSFETs have a high input capacitance, typically in the range of
500-2500pF, and because devices with a lower conducting resistance (Rg,,) Will have
achieved this quality because of the connection of a large number of channels in parallel,
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each of which will contribute its own element of capacitance, it is understandable that
these low channel resistance types will have a larger input capacitance. Also, in general,
P-channel devices will have a somewhat larger input capacitance than an N-channel one.
The drain/gate capacitance—a factor that is very important if the MOSFET is used as a
voltage amplifier—is usually in the range of 50-250pF. The turn-on and turn-off times
are about the same (in the range 30-100nS) for both N-channel and P-channel types,
mainly determined by the ease of applying or removing a charge from the gate electrode.
If gate-stopper resistors are used—helpful in avoiding UHF parasitic oscillation and
avoiding latch-up in audio amplifier output source followers—these will form a simple
low-pass filter in conjunction with the device input capacitance and will slow down the

<« SiO,

V or U MOS

Source Gate

l
L |

Drain
T or D MOS

Figure 9.22: MOSFET design styles.

operation of the MOSFET.
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Figure 9.23: MOSFET symbols.

Although circuit designers tend to be rather lazy about using the proper symbols for the
components in the designs they have drawn, enhancement-mode and depletion-mode
MOSFETs should be differentiated in their symbol layout, as shown in Figure 9.23. As a
personal idiosyncrasy, I also prefer to invert the symbol for P-channel field effect devices,
as shown, to make this polarity distinction more obvious.

9.11 Useful Circuit Components

By comparison with the situation that existed at the time when most of the pioneering
work was done on valve-operated audio amplifiers, the design of solid-state amplifier
systems has been facilitated greatly by the existence of a number of circuit artifices,
contrived with solid-state components, which perform useful functions in the design.
This section shows a selection of the more common ones.

9.11.1 Constant Current Sources

A simple two-terminal constant current (CC) source is shown in Figure 9.17, and devices
of this kind are made as single ICs with specified output currents. By comparison with
the discrete JFET/resistor version, the IC will usually have a higher dynamic impedance
and a rather higher maximum working voltage. In power amplifier circuits it is more
common to use discrete component CC sources based on BJTs, as these are generally less
expensive than JFETs and provide higher working voltages. The most obvious of these



308 Chapter 9

ZD1A 7Dy
R % R

o0V - o0V o0V
(a) (b) (c)

Figure 9.24: Constant current sources.

layouts is that shown in Figure 9.24(a), in which the transistor, Q;, is fed with a fixed
base voltage—in this case derived from a zener or avalanche diode, although any suitable
voltage source will serve—and the current through Q; is constrained by the value chosen
for R in that if it grows too large, the base-emitter voltage of O will diminish and Q;
output current will fall. Designers seeking economy of components will frequently
operate several current source transistors and their associated emitter resistors (as Q/R;)
from the same reference voltage source.

In the somewhat preferable layout shown in Figure 9.24(b), a second transistor, Q,, is
used to monitor the voltage developed across R; due to the current through Qy; when this
exceeds the base emitter turn-on potential (about 0.6 V), O, will conduct and will steal
the base current to Q; provided from V. through R,. In the very simple layout shown in
Figure 9.24(c), advantage is taken of the fact that the forward potential of a P-N junction
diode, for any given junction temperature, will depend on the current flow through it. This
means that if the base-emitter area and doping characteristics of Q are the same as those
for the P-N junction in D (which would, obviously, be easy to arrange in the manufacture
of ICs), then the current (i) through Q; will be caused to mimic that flowing through R,
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Figure 9.25: Current mirror circuits.

which is labeled i,.. This particular action is called a current mirror, and several further
versions of these are shown in Figure 9.25.

9.11.2 Current Mirror Layouts

Current mirror (CM) layouts allow, for example, the output currents from a long-tailed
pair to be combined, which increases the gain from this circuit. In the version shown in
Figure 9.25(a), two matched transistors are connected with their bases in parallel so that
the current flow through Q, will generate a base-emitter voltage drop that will be precisely
that which is needed to cause Q; to pass the same current. If any doubt exists about the
similarity of the characteristics of the two transistors, as might reasonably be the case for
randomly chosen devices, the equality of the two currents can be assisted by the inclusion
of equal value emitter resistors (R,R,) as shown in Figure 9.25(b). For the perfectionist,
an improved three-transistor current mirror layout is shown in Figure 9.25(c). Commonly
used circuit symbols for these devices are shown in Figures 9.25(d) and 9.25(e).

9.12 Circuit Oddments

Several circuit modules have found their way into amplifier circuit design, and some
of the more common of these are shown in Figure 9.26. Both the DC bootstrap, shown
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in Figure 9.26(a), and the JFET active load, shown in Figure 9.26(b), act to increase

the dynamic impedance of Ry, although the DC bootstrap, which can, of course, be
constructed using complementary devices, has the advantage of offering a low output
impedance. The amplified diode, shown as Figure 9.26(c), is a device that is much used
as a means of generating the forward bias required for the transistors used in a push—
pull pair of output emitter followers, particularly if it is arranged so that O, can sense
the junction temperature of the output transistors. It can also be used, over a range of
relatively low voltages, as an adjustable voltage source to complement the fixed voltage
references provided by zener and avalanche diodes, band-gap references (IC stabilizers
designed to provide extremely stable low voltage sources), and the wide range of voltage
stabilizer ICs. Finally, when some form of impedance transformation is required, without
the V. offset of an emitter follower, this can be contrived as shown by putting two
complementary emitter followers in series. This layout will also provide a measure of
temperature compensation.

9.13 Slew Rate Limiting

This is a potential problem that can occur in any voltage amplifier or other signal
handling stage in which an element of load capacitance (which could simply be circuit
stray capacitance) is associated with a drive circuit whose output current has a finite
limit. The effect of this is shown in Figure 9.27. If an input step waveform is applied to
network (a), then the output signal will have a waveform of the kind shown at ‘a’, and the
slope of the curve will reflect the potential difference that exists, at any given moment,
between the input and the output. Any other signal that is present at the same time will
pass through this network, from input to output, and only the high-frequency components
will be attenuated.

However, if the drive current is limited, the output waveform from circuit 9.27 (b) will be
as shown at ‘b’ and the slope of the output ramp will be determined only by the current
limit imposed by the source and the value of the load capacitance. This means that any
other signal component that is present, at the time the circuit is driven into slew rate
limiting, will be lost. This effect is noticeable, if it occurs, in any high-quality audio
system and gives rise to a somewhat blurred sound—a defect that can be lessened or
removed if the causes (such as too low a level of operating current for some amplifying
stage) are remedied. It is prudent, therefore, for the amplifier designer to establish the
possible voltage slew rates for the various stages in any new design and then to ensure
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Figure 9.27: Cause of slew rate limiting.

that the amplifier does not receive any input signal that requires rates of change greater
than the level that can be handled. A simple input integrating network of the kind shown
in Figure 9.27(a) will often suffice.

References

1. Linsley Hood, J., Wireless World, 437-441, September, 1971.
2. Linsley Hood, J., ‘Low noise systems’, Electronics Today International, 42-46, 1992.



Audio Amplifier Performance

Douglas Self

10.1 A Brief History of Amplifiers

A full and detailed account of semiconductor amplifier design since its beginnings would
be a book in itself, and a most fascinating volume it would be. This is not that book, but
I still feel obliged to give a very brief account of how amplifier design has evolved in the
last three or four decades.

Valve amplifiers, working in push—pull Class-A or AB1, and perforce transformer
coupled to the load, were dominant until the early 1960s, when truly dependable
transistors could be made at a reasonable price. Designs using germanium devices
appeared first, but suffered severely from the vulnerability of germanium to even
moderately high temperatures; the term thermal runaway was born. At first all silicon
power transistors were NPN, and for a time most transistor amplifiers relied on input
and output transformers for push—pull operation of the power output stage. These
transformers were as always heavy, bulky, expensive, and nonlinear and added insult to
injury as their LF and HF phase shifts severely limited the amount of negative feedback
(NFB) that could be applied safely.

The advent of the transformerless Lin configuration,! with what became known as a
quasi-complementary output stage, disposed of a good many problems. Because modestly
capable PNP driver transistors were available, the power output devices could both be
NPN and still work in push—pull. It was realized that a transformer was not required for
impedance matching between power transistors and 8-{2 loudspeakers.

Proper complementary power devices appeared in the late 1960s, and full complementary
output stages soon proved to give less distortion than their quasi-complementary
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predecessors. At about the same time, DC-coupled amplifiers began to take over from
capacitor-coupled designs, as the transistor differential pair became a more familiar
circuit element.

A much fuller and generally excellent history of power amplifier technology is given in
Sweeney and Mantz.?
10.2 Amplifier Architectures

This grandiose title simply refers to the large-scale structure of the amplifier, that is, the
block diagram of the circuit one level below that representing it as a single white block-
labeled power amplifier. Almost all solid-state amplifiers have a three-stage architecture
as described here, although they vary in the detail of each stage.

10.3 The Three-Stage Architecture

The vast majority of audio amplifiers use the conventional architecture, shown in
Figure 10.1. There are three stages, the first being a transconductance stage (differential

@
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Figure 10.1: The three-stage amplifier structure. There is a transconductance stage, a

transadmittance stage (the VAS), and a unity-gain buffer output stage.
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voltage in, current out), the second a transimpedance stage (current in, voltage out), and
the third a unity-voltage-gain output stage. The second stage clearly has to provide all
the voltage gain and I have therefore called it the voltage-amplifier stage or VAS. Other
authors have called it the predriver stage but I prefer to reserve this term for the first
transistors in output triples. This three-stage architecture has several advantages, not least
being that it is easy to arrange things so that the interaction between stages is negligible.
For example, there is very little signal voltage at the input to the second stage due to its
current input (virtual-earth) nature, and therefore very little on the first stage output; this
minimizes Miller phase shift and possible early effect in the input devices.

Similarly, the compensation capacitor reduces the second stage output impedance so

that the nonlinear loading on it due to the input impedance of the third stage generates
less distortion than might be expected. The conventional three-stage structure, familiar
though it may be, holds several elegant mechanisms such as this. Since the amount of
linearizing global NFB available depends on amplifier open-loop gain, how the stages
contribute to this is of great interest. The three-stage architecture always has a unity-gain
output stage—unless you really want to make life difficult for yourself—and so the total
forward gain is simply the product of the transconductance of the input stage and the
transimpedance of the VAS, the latter being determined solely by the Miller capacitor
Caom» €xcept at very low frequencies. Typically, the closed-loop gain will be between +20
and +30dB. The NFB factor at 20kHz will be 25 to 40dB, increasing at 6 dB per octave
with falling frequency until it reaches the dominant pole frequency P1, when it flattens
out. What matters for the control of distortion is the amount of NFB available, rather than
the open-loop bandwidth, to which it has no direct relationship. In my Electronics World
Class-B design, the input stage g, is about 9mA/V, and Cg,,, is 100 pF, giving an NFB
factor of 31 dB at 20kHz. In other designs I have used as little as 26 dB (at 20kHz) with
good results.

Compensating a three-stage amplifier is relatively simple; since the pole at the VAS is
already dominant, it can be easily increased to lower the HF NFB factor to a safe level.
The local NFB working on the VAS through Cy,,,, has an extremely valuable linearizing
effect.

The conventional three-stage structure represents at least 99% of the solid-state amplifiers
built, and I make no apology for devoting much of this book to its behavior. I doubt if
I have exhausted its subtleties.
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10.3.1 Two-Stage Amplifier Architecture

In contrast, the architecture shown in Figure 10.2 is a two-stage amplifier, with the

first stage once again being more a transconductance stage, although now without a
guaranteed low impedance to accept its output current. The second stage combines VAS
and output stage in one block; it is inherent in this scheme that the VAS must double as
a phase splitter as well as a generator of raw gain. There are then two quite dissimilar
signal paths to the output, and it is not at all clear that trying to break this block down
further will assist a linearity analysis. The use of a phase-splitting stage harks back to
valve amplifiers; where it was inescapable as a complementary valve technology has, so
far, eluded us.

Paradoxically, a two-stage amplifier is likely to be more complex in its gain structure than
a three stage. The forward gain depends on the input stage g, the input stage collector
load (because the input stage can no longer be assumed to be feeding a virtual earth),

and the gain of the output stage, which will be found to vary in a most unsettling manner
with bias and loading. Choosing the compensation is also more complex for a two-stage
amplifier, as the VAS/phase splitter has a significant signal voltage on its input and so

the usual pole-splitting mechanism that enhances Nyquist stability by increasing the pole

* V+
+ —
—>
. - V—
First stage, Second stage,
input ' voltage
subtractor and . amplifier and
gain | output

Figure 10.2: The two-stage amplifier structure. A voltage-amplifier output follows the

same transconductance input stage.
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frequency associated with the input stage collector will no longer work so well. (I have
used the term Nyquist stability or Nyquist oscillation throughout this book to denote
oscillation due to the accumulation of phase shift in a global NFB loop, as opposed to
local parasitics, etc.)

The LF feedback factor is likely to be about 6 dB less with a 4-€2 load due to lower gain
in the output stage. However, this variation is much reduced above the dominant pole
frequency, as there is then increasing local NFB acting in the output stage.

Two-stage amplifiers are not popular; I can quote only two examples, Randi’ and
Harris.* The two-stage amplifier offers little or no reduction in parts cost, is harder to
design, and, in my experience, invariably gives a poor distortion performance.

10.4 Power Amplifier Classes

For a long time the only amplifier classes relevant to high-quality audio were Class-A
and Class-AB. This is because valves were the only active devices, and Class-B valve
amplifiers generated so much distortion that they were barely acceptable, even for public
address purposes. All amplifiers with pretensions to high fidelity operated in push—pull
Class-A.

Solid state gives much more freedom of design; all of the following amplifier classes
have been exploited commercially. Unfortunately, there will only be space to deal in
detail in this book with A, AB, and B, although this certainly covers the vast majority
of solid-state amplifiers. Plentiful references are given so that the intrigued can pursue
matters further.

10.4.1 Class-A

In a Class-A amplifier, current flows continuously in all the output devices, which enables
the nonlinearities of turning them on and off to be avoided. They come in two rather
different kinds, although this is rarely explicitly stated, which work in very different
ways. The first kind is simply a Class-B stage (i.e., two emitter—followers working back
to back) with the bias voltage increased so that sufficient current flows for neither device
to cut off under normal loading. The great advantage of this approach is that it cannot
abruptly run out of output current; if the load impedance becomes lower than specified,
then the amplifier simply takes brief excursions into Class-AB, hopefully with a modest
increase in distortion and no seriously audible distress.
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The other kind could be called a controlled-current source type, which is, in essence, a
single emitter—follower with an active emitter load for adequate current sinking. If this
latter element runs out of current capability, it makes the output stage clip much as if it
had run out of output voltage. This kind of output stage demands a very clear idea of how
low an impedance it will be asked to drive before design begins.

Valve textbooks contain enigmatic references to classes of operation called AB1 and
AB2; in the former, grid current did not flow for any part of the cycle, but in the latter, it
did. This distinction was important because the flow of output-valve grid current in
AB2 made the design of the previous stage much more difficult.

AB1 or AB2 has no relevance to semiconductors, for base current in BJT always flows
when a device is conducting, whereas gate current in power FET never does, apart from
charging and discharging internal capacitances.

10.4.2 Class-AB

This is not really a separate class of its own, but a combination of A and B. If an amplifier is
biased into Class-B and then the bias increased further, it will enter AB. For outputs below
a certain level, both output devices conduct and operation is Class-A. At higher levels, one
device will be turned completely off as the other provides more current, and the distortion
jumps upward at this point as AB action begins. Each device will conduct between 50 and
100% of the time, depending on the degree of excess bias and the output level.

Class-AB is less linear than either A or B, and in my view its only legitimate use is as a
fallback mode to allow Class-A amplifiers to continue working reasonably when faced
with low-load impedance.

10.4.3 Class-B

Class-B is by far the most popular mode of operation, and probably more than 99% of the
amplifiers currently made are of this type. Most of this book is devoted to it, so no more
is said here.

10.4.4 Class-C

Class-C implies device conduction for significantly less than 50% of the time and is
normally only usable in radio work, where an LC circuit can smooth out the current
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pulses and filters harmonics. Current-dumping amplifiers can be regarded as combining
Class-A (the correcting amplifier) with Class-C (the current-dumping devices); however,
it is hard to visualize how an audio amplifier using devices in Class-C only could be built.

10.4.5 Class-D

These amplifiers continuously switch the output from one rail to the other at a supersonic
frequency, controlling the mark/space ratio to give an average representing the
instantaneous level of the audio signal; this is alternatively called pulse width modulation.
Great effort and ingenuity have been devoted to this approach, for the efficiency is, in
theory, very high, but the practical difficulties are severe, especially so in a world of
tightening EMC legislation, where it is not at all clear that a 200-kHz high-power square
wave is a good place to start. Distortion is not inherently low>and the amount of global
NFB that can be applied is severely limited by the pole due to the effective sampling
frequency in the forward path. A sharp cutoff low-pass filter is needed between amplifier
and speaker to remove most of the RF; this will require at least four inductors (for stereo)
and will cost money, but its worst feature is that it will only give a flat frequency response
into one specific load impedance. The technique now has a whole chapter of this book to
itself. Other references to consult for further information are Goldberg and Sandler® and
Hancock.’

10.4.6 Class-E

An extremely ingenious way to operate a transistor is to have either a small voltage across
it or a small current through it almost all the time; in other words, the power dissipation is
kept very low.® Regrettably, this is an RF technique that seems to have no sane application
to audio.

10.4.7 Class-F

There is no Class-F, as far as I know. This seems like a gap that needs filling.

10.4.8 Class-G

This concept was introduced by Hitachi in 1976 with the aim of reducing amplifier power
dissipation. Musical signals have a high peak/mean ratio, spending most of this at low
levels, so internal dissipation is much reduced by running from low-voltage rails for small
outputs, switching to higher rails current for larger excursions.
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Figure 10.3: Class-G-series output stage. When the output voltage exceeds the
transition level, D; or D, turn off and power is drawn from the higher rails through

the outer power devices.

The basic series Class-G with two rail voltages (i.e., four supply rails, as both voltage
are *) is shown in Figure 10.3.%!! Current is drawn from the lower =V, supply rails
whenever possible; should the signal exceed =V, TR6 conducts and D5 turns off, so the
output current is now drawn entirely from the higher *V, rails, with power dissipation
shared between TR3 and TR6. The inner stage TR3, TR4 is usually operated in Class-B,
although AB or A is equally feasible if the output stage bias is suitably increased. The
outer devices are effectively in Class-C as they conduct for significantly less than 50%
of the time.
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In principle, movements of the collector voltage on the inner device collectors should not
significantly affect the output voltage, but in practice, Class-G is often considered to have
poorer linearity than Class-B because of glitching due to charge storage in commutation
diodes D5, D,. However, if glitches occur they do so at moderate power, well displaced
from the crossover region, and so appear relatively infrequently with real signals.

An obvious extension of the Class-G principle is to increase the number of supply
voltages. Typically the limit is three. Power dissipation is further reduced and efficiency
increased as the average voltage from which the output current is drawn is kept closer to
the minimum. The inner devices operate in Class-B/AB as before, and the middle devices
are in Class-C. The outer devices are also in Class-C, but conduct for even less of the time.

To the best of my knowledge, three-level Class-G amplifiers have only been made in
shunt mode, as described later, probably because in series mode the cumulative voltage
drops become too great and compromise the efficiency gains. The extra complexity is
significant, as there are now six supply rails and at least six power devices, all of which
must carry the full output current. It seems most unlikely that this further reduction in
power consumption could ever be worthwhile for domestic hi-fi.

A closely related type of amplifier is Class-G shunt.!” Figure 10.4 shows the principle;
at low outputs, only O3, O, conduct, delivering power from the low-voltage rails.
Above a threshold set by Vi;,s3 and Vi1, D o1 D, conduct and Qg, Qg turn on, drawing
current from the high-voltage rails, with D3, 4 protecting O3, 4 against reverse bias. The
conduction periods of the Q¢, Qg Class-C devices are variable, but inherently less than
50%. Normally the low-voltage section runs in Class-B to minimize dissipation. Such
shunt Class-G arrangements are often called “commutating amplifiers.”

Some of the more powerful Class-G shunt PA amplifiers have three sets of supply rails
to further reduce the average voltage drop between rail and output. This is very useful in
large PA amplifiers.

10.4.9 Class-H

Class-H is once more basically Class-B, but with a method of dynamically boosting the
single supply rail (as opposed to switching to another one) in order to increase efficiency.'?
The usual mechanism is a form of bootstrapping. Class-H is used occasionally to describe
Class-G as described earlier; this sort of confusion we can do without.
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Figure 10.4: A Class-G shunt output stage, composed of two EF output stages with the

usual drivers. V},;,3 4 set the output level at which power is drawn from the higher rails.

10.4.10 Class-S

3

Class-S, so named by Doctor Sandman,'? uses a Class-A stage with very limited current
capability, backed up by a Class-B stage connected so as to make the load appear as a
higher resistance that is within the capability of the first amplifier.

The method used by the Technics SE-A100 amplifier is extremely similar.'* T hope that
that this necessarily brief catalogue is comprehensive; if anyone knows of other bona fide
classes I would be glad to add them to the collection. This classification does not allow a
completely consistent nomenclature; for example, quad-style current dumping can only
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be specified as a mixture of Class-A and -C, which says nothing about the basic principle
of operation, which is error correction.

10.4.11 Variations on Class-B

The solid-state Class-B three-stage amplifier has proved both successful and flexible,
so many attempts have been made to improve it further, usually by trying to combine
the efficiency of Class-B with the linearity of Class-A. It would be impossible to give
a comprehensive list of the changes and improvements attempted, so I give only those
that have been either commercially successful or particularly thought provoking to the
amplifier-design community.

10.4.12 Error-Correcting Amplifiers

This refers to error-cancellation strategies rather than the conventional use of NFB.

This is a complex field, for there are at least three different forms of error correction, of
which the best known is error feedforward as exemplified by the ground-breaking Quad
405.'5 Other versions include error feedback and other even more confusingly named
techniques, some of which turn out on analysis to be conventional NFB in disguise. For a
highly ingenious treatment of the feedforward method, see Giovanni Stochino.!®

10.4.13 Nonswitching Amplifiers

Most of the distortion in Class-B is crossover distortion and results from gain changes in
the output stage as the power devices turn on and off. Several researchers have attempted
to avoid this by ensuring that each device is clamped to pass a certain minimum current
at all times.!” This approach has certainly been exploited commercially, but few technical
details have been published. It is not intuitively obvious (to me, anyway) that stopping the
diminishing device current in its tracks will give less crossover distortion.

10.4.14 Current-Drive Amplifiers

Almost all power amplifiers aspire to be voltage sources of zero output impedance. This
minimizes frequency response variations caused by the peaks and dips of the impedance
curve and gives a universal amplifier that can drive any loudspeaker directly.

The opposite approach is an amplifier with a sufficiently high output impedance
to act as a constant-current source. This eliminates some problems, such as rising
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voice-coil resistance with heat dissipation, but introduces others, such as control of
the cone resonance. Current amplifiers therefore appear to be only of use with active
crossovers and velocity feedback from the cone.'8

It is relatively simple to design an amplifier with any desired output impedance (even a
negative one) and so any compromise between voltage and current drive is attainable.
The snag is that loudspeakers are universally designed to be driven by voltage sources,
and higher amplifier impedances demand tailoring to specific speaker types.'°

10.4.15 The Blomley Principle

The goal of preventing output transistors from turning off completely was introduced by
Peter Blomley in 19712%; here the positive/negative splitting is done by circuitry ahead
of the output stage, which can then be designed so that a minimum idling current can
be separately set up in each output device. However, to the best of my knowledge this
approach has not yet achieved commercial exploitation.

10.4.16 Geometric Mean Class-AB

The classical explanations of Class-B operation assume that there is a fairly sharp transfer
of control of the output voltage between the two output devices, stemming from an
equally abrupt switch in conduction from one to the other. In practical audio amplifier
stages this is indeed the case, but it is not an inescapable result of the basic principle.
Figure 10.5 shows a conventional output stage, with emitter resistors Rel, Re2 included
to increase quiescent-current stability and allow current sensing for overload protection;
to a large extent, these emitter resistances make classical Class-B what it is.

However, if the emitter resistors are omitted and the stage biased with two matched diode
junctions, then the diode and transistor junctions form a translinear loop*' around which
the junction voltages sum to zero. This links the two output transistor currents I, I, in the
relationship 1, * I, = constant, which in op-amp practice is known as geometric-mean
Class-AB operation. This gives smoother changes in device current at the crossover point,
but this does not necessarily mean lower THD. Such techniques are not very practical for
discrete power amplifiers; first, in the absence of the very tight thermal coupling between
the four junctions that exists in an IC, the quiescent-current stability will be atrocious,
with thermal runaway and spontaneous combustion a near certainty. Second, the output
device bulk emitter resistance will probably give enough voltage drop to turn the other
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Figure 10.5: A conventional double emitter—follower output stage with emitter

resistors Re shown.

device off anyway, when current flows. The need for drivers, with their extra junction
drops, also complicates things.

A new extension of this technique is to redesign the translinear loop so that 1/1, + 1/I, =
constant; this is known as harmonic-mean AB operation.?? It is too early to say whether
this technique (assuming it can be made to work outside an IC) will be of use in reducing
crossover distortion and thus improving amplifier performance.

10.4.17 Nested Differentiating Feedback Loops

This is a most ingenious, but conceptually complex technique for significantly increasing
the amount of NFB that can be applied to an amplifier (see Cherry>?).

10.5 AC- and DC-Coupled Amplifiers

All power amplifiers are either AC coupled or DC coupled. The first kind have a single
supply rail, with the output biased to be halfway between this rail and ground to give the
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maximum symmetrical voltage swing; a large DC-blocking capacitor is therefore used in
series with the output. The second kind have positive and negative supply rails, and the
output is biased to be at 0V, so no output DC blocking is required in normal operation.

10.5.1 Advantages of AC Coupling

1.
2.

The output DC offset is always zero (unless the output capacitor is leaky).

It is very simple to prevent turn-on thump by purely electronic means. The
amplifier output must rise up to half the supply voltage at turn on, but providing
this occurs slowly, there is no audible transient. Note that in many designs, this
is not simply a matter of making the input bias voltage rise slowly, as it also
takes time for the DC feedback to establish itself, and it tends to do this with a
snap action when a threshold is reached.

No protection against DC faults is required, providing that the output capacitor
is voltage rated to withstand the full supply rail. A DC-coupled amplifier
requires an expensive and possibly unreliable output relay for dependable
speaker protection.

The amplifier should be easier to make short-circuit proof, as the output
capacitor limits the amount of electric charge that can be transferred each cycle,
no matter how low the load impedance. This is speculative; I have no data as to
how much it really helps in practice.

AC-coupled amplifiers do not, in general, appear to require output inductors
for stability. Large electrolytics have significant equivalent series resistance
(ESR) and a little series inductance. For typical amplifier output sizes the ESR
will be of the order of 100 m¢2; this resistance is probably the reason why
AC-coupled amplifiers rarely had output inductors, as it is enough resistance
to provide isolation from capacitative loading and so gives stability. Capacitor
series inductance is very low and probably irrelevant, being quoted by one
manufacturer as a few tens of nanoHenrys’. The output capacitor was often
condemned in the past for reducing the low-frequency damping factor (DF),
for its ESR alone is usually enough to limit the DF to 80 or so. As explained
earlier, this is not a technical problem because “damping factor” means virtually
nothing.
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10.5.2 Advantages of DC Coupling

1.

No large and expensive DC-blocking capacitor is required. However, the dual
supply will need at least one more equally expensive reservoir capacitor and a
few extra components such as fuses.

In principle, there should be no turn-on thump, as the symmetrical supply rails
mean the output voltage does not have to move through half the supply voltage
to reach its bias point—it can just stay where it is. In practice, the various
filtering time constants used to keep the bias voltages free from ripple are likely
to make various sections of the amplifier turn on at different times, and the
resulting thump can be substantial. This can be dealt with almost for free, when
a protection relay is fitted, by delaying the relay pull-in until any transients are
over. The delay required is usually less than a second.

Audio is a field where almost any technical eccentricity is permissible, so it

is remarkable that AC coupling appears to be the one technique that is widely
regarded as unfashionable and unacceptable. DC coupling avoids any marketing
difficulties.

Some potential customers will be convinced that DC-coupled amplifiers give
better speaker damping due to the absence of output capacitor impedance. They
will be wrong, as explained later, but this misconception has lasted at least 40
years and shows no sign of fading away.

Distortion generated by an output capacitor is avoided. This is a serious
problem, as it is not confined to low frequencies, as is the case in small-signal
circuitry. For a 6800-puF output capacitor driving 4 W into an 8-¢2 load, there
is significant midband third harmonic distortion at 0.0025%, as shown in
Figure 10.6. This is at least five times more than the amplifier generates in this
part of the frequency range. In addition, the THD rise at the LF end is much
steeper than in the small-signal case, for reasons that are not yet clear. There
are two cures for output capacitor distortion. The straightforward approach
uses a huge output capacitor, far larger in value than required for a good
low-frequency response. A 100,000-pF/40-V Aerovox from BHC eliminated
all distortion, as shown in Figure 10.7. An allegedly “audiophile” capacitor
gives some interesting results; a Cerafine Supercap of only moderate size
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Figure 10.6: The extra distortion generated by an 6800-pF electrolytic delivering 40 W into
8. Distortion rises as frequency falls, as for the small-signal case, but at this current level
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Figure 10.7: Distortion with and without a very large output capacitor, the BHC Aerovox
100,000 |1F/40 V (40 watts/8(2). Capacitor distortion is eliminated.
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Figure 10.8: Distortion with and without an “audiophile” Cerafine 4700-1.F/63-V capacitor.
Midband distortion is eliminated but LF rise is much the same as the standard electrolytic.

(4700 pnF/63 V) gave Figure 10.8, where the midband distortion is gone, but

the LF distortion rise remains. What special audio properties this component

is supposed to have are unknown; as far as I know, electrolytics are never
advertised as low midband THD, but that seems to be the case here. The volume
of the capacitor case is about twice as great as conventional electrolytics of the
same value, so it is possible the crucial difference may be a thicker dielectric
film than is usual for this voltage rating.

Either of these special capacitors costs more than the rest of the amplifier
electronics put together. Their physical size is large. A DC-coupled amplifier
with protective output relay will be a more economical option.

A little-known complication with output capacitors is that their series reactance
increases the power dissipation in the output stage at low frequencies. This

is counterintuitive as it would seem that any impedance added in series must
reduce the current drawn and hence the power dissipation. In fact, it is the load
phase shift that increases the amplifier dissipation.
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6. The supply currents can be kept out of the ground system. A single-rail AC
amplifier has half-wave Class-B currents flowing in the 0-V rail, which can
have a serious effect on distortion and cross talk performance.

10.6 Negative Feedback in Power Amplifiers

It is not the role of this book to step through elementary theory, which can be found easily
in any number of textbooks. However, correspondence in audio and technical journals
shows that considerable confusion exists regarding NFB as applied to power amplifiers;
perhaps there is something inherently mysterious in a process that improves almost all
performance parameters simply by feeding part of the output back to the input, but inflicts
dire instability problems if used to excess. This chapter therefore deals with a few of the
less obvious points here.

The main uses of NFB in amplifiers are the reduction of harmonic distortion, the
reduction of output impedance, and the enhancement of supply-rail rejection. There are
analogous improvements in frequency response and gain stability, and reductions in DC
drift, but these are usually less important in audio applications.

By elementary feedback theory, the factor of improvement for all these quantities is

Improvement ratio = A - (10-1)

where A is the open-loop gain and {3 is the attenuation in the feedback network, that is, the
reciprocal of the closed-loop gain. In most audio applications the improvement factor can
be regarded as simply open-loop gain divided by closed-loop gain.

In simple circuits you just apply NFB and that is the end of the matter. In a typical power
amplifier, which cannot be operated without NFB, if only because it would be saturated
by its own DC offset voltages, several stages may accumulate phase shift, and simply
closing the loop usually brings on severe Nyquist oscillation at HE. This is a serious
matter, as it will not only burn out any tweeters that are unlucky enough to be connected,
but can also destroy the output devices by overheating, as they may be unable to turn off
fast enough at ultrasonic frequencies.

The standard cure for this instability is compensation. A capacitor is added, usually in
Miller-integrator format, to roll off the open-loop gain at 6dB per octave, so it reaches
unity loop gain before enough phase shift can build up to allow oscillation. This means
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that the NFB factor varies strongly with frequency, an inconvenient fact that many audio
commentators seem to forget.

It is crucial to remember that a distortion harmonic, subjected to a frequency-dependent
NFB factor as described earlier, will be reduced by the NFB factor corresponding to

its own frequency, not that of its fundamental. If given a choice, generate low-order
rather than high-order distortion harmonics, as the NFB deals with them much more
effectively.

NFB can be applied either locally (i.e., to each stage, or each active device) or globally;
in other words, right around the whole amplifier. Global NFB is more efficient at
distortion reduction than the same amount distributed as local NFB, but places much
stricter limits on the amount of phase shift that may be allowed to accumulate in the
forward path.

Above the dominant pole frequency, the VAS acts as a Miller integrator and introduces a
constant 90° phase lag into the forward path. In other words, the output from the

input stage must be in quadrature if the final amplifier output is to be in phase with the
input, which to a close approximation it is. This raises the question of how the

90° phase shift is accommodated by the NFB loop; the answer is that the input and
feedback signals applied to the input stage are subtracted, and the small difference
between two relatively large signals with a small phase shift between

them has a much larger phase shift. This is the signal that drives the VAS input of

the amplifier.

Solid-state power amplifiers, unlike many valve designs, are almost invariably designed
to work at a fixed closed-loop gain. If the circuit is compensated by the usual dominant
pole method, the HF open-loop gain is also fixed, and therefore so is the important NFB
factor. This is in contrast to valve amplifiers, where the amount of NFB applied was
regarded as a variable and often user-selectable parameter; it was presumably accepted
that varying the NFB factor caused significant changes in input sensitivity. A further
complication was serious peaking of the closed-loop frequency response at both LF
and HF ends of the spectrum as NFB was increased due to the inevitable bandwidth
limitations in a transformer-coupled forward path. Solid-state amplifier designers go cold
at the thought of the customer tampering with something as vital as the NFB factor, and
such an approach is only acceptable in cases such as valve amplification where global
NFB plays a minor role.



332 Chapter 10

10.6.1 Some Common Misconceptions About Negative Feedback

All of the comments quoted here have appeared many times in the hi-fi literature. All are
wrong.

NFB is a bad thing. Some audio commentators hold that, without qualification, NFB is a
bad thing. This is of course completely untrue and based on no objective reality. NFB is
one of the fundamental concepts of electronics, and to avoid its use altogether is virtually
impossible; apart from anything else, a small amount of local NFB exists in every
common emitter transistor because of the internal emitter resistance. I detect here distrust
of good fortune; the uneasy feeling that if something apparently works brilliantly then
there must be something wrong with it.

A low NFB factor is desirable. Untrue; global NFB makes just about everything better,
and the sole effect of too much is HF oscillation, or poor transient behavior on the brink
of instability. These effects are painfully obvious on testing and not hard to avoid unless
there is something badly wrong with the basic design.

In any case, just what does low mean? One indicator of imperfect knowledge of NFB is
that the amount enjoyed by an amplifier is almost always baldly specified as so many dB
on the very few occasions it is specified at all, despite the fact that most amplifiers have
a feedback factor that varies considerably with frequency. A dB figure quoted alone is
meaningless, as it cannot be assumed that this is the figure at 1 kHz or any other standard
frequency.

My practice is to quote the NFB factor at 20kHz, as this can normally be assumed to be
above the dominant pole frequency and so in the region where open-loop gain is set by
only two or three components. Normally the open-loop gain is falling at a constant 6-dB/
octave at this frequency on its way down to intersect the unity-loop-gain line and so its
magnitude allows some judgment as to Nyquist stability. Open-loop gain at LF depends
on many more variables, such as transistor beta, and consequently has wide tolerances
and is a much less useful quantity to know.

NFB is a powerful technique and therefore dangerous when misused. This bland truism
usually implies an audio Rakes’s progress that goes something like this: an amplifier
has too much distortion and so the open-loop gain is increased to augment the NFB
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factor. This causes HF instability, which has to be cured by increasing the compensation
capacitance. This is turn reduces the slew-rate capability, resulting in a sluggish, indolent,
and generally bad amplifier.

The obvious flaw in this argument is that the amplifier so condemned no longer has a high
NFB factor because the increased compensation capacitor has reduced the open-loop gain
at HF; therefore feedback itself can hardly be blamed. The real problem in this situation
is probably an unduly low standing current in the input stage; this is the other parameter
determining slew rate.

NFB may reduce low-order harmonics but increases the energy in the discordant

higher harmonics. A less common but recurring complaint is that the application of
global NFB is a shady business because it transfers energy from low-order distortion
harmonics—considered musically consonant—to higher order ones that are anything but.
This objection contains a grain of truth, but appears to be based on a misunderstanding
of one article in an important series by Peter Baxandall** in which he showed that if you
took an amplifier with only second-harmonic distortion and then introduced NFB around
it, higher order harmonics were indeed generated as the second harmonic was fed back
round the loop. For example, the fundamental and the second harmonic intermodulate

to give a component at third-harmonic frequency. Likewise, the second and third
intermodulate to give the fifth harmonic. If we accept that high-order harmonics should
be numerically weighted to reflect their greater unpleasantness, there could conceivably
be a rise rather than a fall in the weighted THD when NFB is applied.

All active devices, in Class-A or -B (including FETs, which are often erroneously thought
to be purely square law), generate small amounts of high-order harmonics. Feedback
could and would generate these from nothing, but in practice they are already there.

The vital point is that if enough NFB is applied, all the harmonics can be reduced to a
lower level than without it. The extra harmonics generated, effectively by the distortion
of a distortion, are at an extremely low level, providing a reasonable NFB factor is used.
This is a powerful argument against low feedback factors such as 6 dB, which are most
likely to increase the weighted THD. For a full understanding of this topic, a careful
reading of the Baxandall series is absolutely indispensable.

A low open-loop bandwidth means a sluggish amplifier with a low slew rate. Great
confusion exists in some quarters between open-loop bandwidth and slew rate. In truth,
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open-loop bandwidth and slew rate have nothing to do with each other and may be
altered independently. Open-loop bandwidth is determined by compensation Cg,,,, VAS (3,
and resistance at the VAS collector, whereas slew rate is set by the input stage standing
current and Cy,p, ® Cyom affects both, but all the other parameters are independent.

In an amplifier, there is a maximum amount of NFB you can safely apply at 20kHz;

this does not mean that you are restricted to applying the same amount at 1 kHz, or
indeed 10 Hz.The obvious thing to do is to allow the NFB to continue increasing at

6 dB/octave—or faster if possible—as frequency falls so that the amount of NFB applied
doubles with each octave as we move down in frequency, and we derive as much benefit
as we can. This obviously cannot continue indefinitely, for eventually open-loop gain runs
out, being limited by transistor beta and other factors. Hence the NFB factor levels out at
a relatively low and ill-defined frequency; this frequency is the open-loop bandwidth and,
for an amplifier that can never be used open loop, has very little importance.
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Valve (Tube-Based) Amplifiers

John Linsley Hood

Although the bulk of modern electronic circuitry is based on “solid-state” components,
for very good engineering reasons—one could not, for example, build a compact disc
player using valves and still have room in one’s house to sit down and listen to it—all
the early audio amplifiers were based on valves, and it is useful to know how these
worked and what the design problems and circuit options were in order to get a better
understanding of the technology. Also, there is still interest on the part of some “hi-fi”
enthusiasts in the construction and use of valve-operated audio amplifiers, and additional
information on valve based circuitry may be welcomed by them.

11.1 Valves or Vacuum Tubes

The term thermionic valve (or valve for short) was given, by its inventor, Sir Ambrose
Fleming, to the earliest of these devices, a rectifying diode. Fleming chose the name
because of the similarity of its action in allowing only a one-way flow of current to that
of a one-way air valve on an inflatable tire, and the way it operated was by controlling

the internal flow of thermally generated electrons, which he called “thermions,” hence the
term thermionic valve. In the United States they are called “vacuum tubes.” These devices
consist of a heated cathode, mounted, in vacuum, inside a sealed glass or metal tube.
Other electrodes, such as anodes or grids, are then arranged around the cathode so that
various different functions can be performed.

The descriptive names given to the various types of valve are based on the number of its
internal electrodes so that a valve with two electrodes (a cathode and an anode) is called
a “diode,” one with three electrodes (a cathode, a grid, and an anode) is called a “triode,”
one with four (a cathode, two grids, and an anode) is called a “tetrode,” and so on.
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(a) Directly heated

?UY <+— Cathode
connection

(b) Indirectly heated
Figure 11.1: Valve cathode styles.

It helps to understand the way in which valves work, and how to get the best performance
from them, if one understands the functions of these internal electrodes and the way in
which different groupings of them affect the characteristics of the valve, so, to this end, I
have listed them and examined their functions separately.

11.1.1 The Cathode

This component is at the heart of any valve and is the source of the electrons with which
it operates. It is made in one of two forms: either a short length of resistor wire, made of
nickel, folded into a ‘V’ shape and supported between a pair of stiff wires at its base and a
light tension spring at its top, as shown in Figure 11.1(a), or a metallic tube, usually made
of nickel, with a bundle of nickel or tungsten heater wires gathered inside it, as shown in
Figure 11.1(b). Whether the cathode is a directly heated “filament” or an indirectly heated
metal cylinder, its function and method of operation are the same, although, other things
being equal, the directly heated filament is much more efficient in terms of the available
electron emission from the cathode in relation to the amount of power required to heat

it to its required operating temperature (about 775°C for one having an oxide-coated
construction).
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It is possible to use a plain tungsten filament as a cathode, but it needs to be heated to
some 2500°C to be usable, which requires quite a substantial amount of power and leads
to other problems, such as fragility. Virtually all contemporary low to medium power
valves use oxide-coated cathodes, which are made from a mixture of the oxides of
calcium, barium, and strontium deposited on a nickel substrate.

In the manufacture of the valve, these chemicals are applied to the cathode as a paste
composed of a binding agent, the metals in the form of their carbonates, and some small
quantities of doping agents, typically of rare-earth origin. The metal carbonates are then
reduced to their oxides by subsequent heating during the last stage in the process of
evacuating the air from the valve envelope.

In use, a chemical reaction occurs between the oxide coating and the heated nickel
cathode tube (or the directly heated filament), which causes the alkali metal oxides to be
locally reduced to the free metal, which then slowly diffuses out to the cathode surface
to form the electron-emitting layer. The extent of electronic emission from the cathode
depends critically upon its temperature, and the value chosen for this in practice is a
compromise between performance and life expectancy, as higher cathode temperatures
lead to shorter cathode life due to the loss through evaporation of the active cathode
metals, whereas a lower limit to the working temperature is set by the need to have an
adequate level of electron emission.

‘When hot, the cathode will emit electrons, which form a cloud around it, a situation in which
the thermal agitation of the electrons in the cathode body, which causes electrons to escape
from its surface, is balanced by the growing positive charge that the cathode has acquired as
the result of the loss of these electrons. This electron cloud is called the “space charge” and
plays an important part in the operation of the valve; a matter that is discussed later.

11.1.2 The Anode

In the simplest form of valve, the diode, the cathode is surrounded by a metal tube or box,
called the anode or plate. This is usually made of nickel and will attract electrons from
the space charge if it is made positive with regard to the cathode. The amount of current
that will flow depends on the closeness of the anode box to the cathode, the effective area
of the cathode, the voltage on the anode, and the cathode temperature. For a fixed cathode
temperature and anode voltage, the ratio of anode voltage to current flow determines the
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anode current resistance, R,, which is measured by the current flow for a given applied
voltage— as shown in the equation

R, = dV,/dI,.

Because the anode is bombarded by electrons accelerated toward it by the applied anode
voltage, when they collide with the anode their kinetic energy is converted into heat,
which raises the anode temperature. This heat evolution is normally unimportant, except
in the case of power rectifiers or power output valves, when care should be taken to
ensure that the makers’ current and voltage ratings are not exceeded. In particular, there is
an inherent problem that if the anode becomes too hot, any gases that have been trapped
in pores within its structure will be released, and this will impair the vacuum within the
valve, which can lead to other problems.

11.1.3 The Control Grid

If the cathode is surrounded by a wire grid or mesh—in practice, this will usually take the
form of a spiral coil, spot welded between two stiff supporting wires, of the form shown
in Figure 11.2—the current flow from the cathode to the anode can be controlled by the
voltage applied to the grid, such that if the grid is made positive, more negatively charged
electrons will be attracted away from the cathode and encouraged to continue on their
way to the anode. However, if the grid is made negative, it will repel the electrons emitted
by the cathode and reduce the current flow to the anode.

NN
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Figure 11.2: Control grid construction.
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It is this quality that is the most useful aspect of a valve in that a quite large anode current flow
can be controlled by a relatively small voltage applied to the grid, and so long as the grid is not
allowed to swing positive with respect to the cathode, no current will flow in the grid circuit,
and its effective input impedance at low frequencies will be almost infinite. This ability to
regulate a large current at a high voltage by a much smaller control voltage allows the valve

to amplify small electrical signals, and since the relationship between grid voltage and anode
current is relatively linear, as shown in Figure 11.3, this amplification will cause relatively
little distortion in the amplified signal. The theoretical amplification factor of a valve,
operating into an infinitely high impedance anode load, is denoted by the Greek symbol .

Although there may be several grids between the cathode and the anode in more complex
valves, the grid closest to the cathode will have the greatest influence on the anode current
flow, which is therefore usually called the control grid.

The effectiveness of the grid in regulating the anode current depends on the relative
proximity of the grid and the anode to the cathode, in that, if the grid is close to the
cathode, but the anode is relatively remote, the effectiveness of the grid in determining
the anode current will be much greater and will therefore give a higher value of p than
if the anode is closer to the grid and cathode. Unfortunately, there is a snag in that the
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Figure 11.3: Triode valve characteristics.
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anode current resistance of the valve, R,, is also related to the anode/cathode spacing and
becomes higher as the anode/cathode spacing is increased. The closeness of the pitch of

the wire spiral that forms the grid also affects the anode current resistance in that a close
spacing will lead to a high R,, and vice versa.

The stage gain (M) of a simple valve amplifier, of the kind shown in Figure 11.4, is given
by the equation
- IR
R+ R,

so that a low impedance valve, such as a 6SN7 (typical [, = 9mA, R, = 7.7K, u = 20),
which has close anode—grid and grid—cathode spacings, and a relatively open pitch in
the grid wire spiral, will have a high possible anode current but a low amplification
factor, while a high impedance valve such as a 6SL7 (typical I, = 2.3mA, R, = 44K,

1 = 70) will have a low stage gain unless the circuit used has a high value of anode load
resistance (R), which, in turn, will demand a high value of HT voltage.

11.1.4 The Space Charge

Although a cloud of electrons will surround any heated cathode mounted in a vacuum
and will act as a reservoir of electrons when these are drawn off as anode current, their
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Figure 11.4: A simple valve amplifier.
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presence becomes of particular importance when a negatively charged control grid
is introduced into the system, in that the electron cloud will effectively fill the space
between the cathode and the grid and will act as the principal source of electrons.

The presence of this electron cloud—known as the space charge—has several important
operational advantages. Of these the first is that, by acting as an electron reservoir, it
allows larger, brief-duration, current flows than would be available from the cathode on
its own and that it acts as a measure of protection to the cathode against the impacts of
positive ions created by electronic collisions with the residual gases in the envelope, as
these ions will be attracted toward the more negatively charged cathode. Finally, left to
itself, the electronic emission from the cathode suffers from both “shot” and “flicker”
noise, a current fluctuation that is averaged out if the anode current is drawn from the
space charge.

This random emission of electrons from a space charge-depleted cathode is used to
advantage in a “noise diode,” a wide-band noise source that consists of a valve in which
the cathode is deliberately operated at a low temperature to prevent a space charge from
forming so that a resultant noisy current can be drawn off by the anode.

In the case of a triode used as an output power valve, where large anode currents are
needed, the grid mesh must be coarse and the grid—cathode spacing must be close. This
limits the formation of an adequate space charge in the grid—cathode gap, and, in its
absence, the cathode must have higher emission efficiency than would be practicable with
an indirectly heated system, which means that a directly heated filament must be used
instead. Usually, the filament voltage will be low to minimize cathode-induced “hum”
and the filament current will be high because of the size of the filament (2.5A at 2.5V in
the case of the 2A3 valve).

Directly heated cathodes are also commonly used in valve HT rectifiers, such as the 5U4
or the 5Y3, because the higher cathode emission reduces the voltage drop across the valve
and increases the available HT output voltage by comparison with a similar power supply
using an indirectly heated cathode type.

11.1.5 Tetrodes and Pentodes

Although the triode valve has a number of advantages as an amplifier, such as a low
noise and low distortion factor, it suffers from the snag that there will be a significant
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capacitance, typically of the order of 2.5 pF, between the grid and the anode. In itself, this
latter capacitance would seem to be too small to be troublesome, but, in an amplifying
stage with a gain of, say, 100, the Miller effect will increase the capacitance by a factor
of 101, increasing the effective input capacitance to 252.5 pF, which could influence the
performance of the stage.

When triode valves were used as RF amplifiers, in the early years of radio, this anode—
grid capacitance caused unwanted RF instability, and the solution adopted was the
introduction of a “screening” grid between the triode control grid and its anode, which
reduced this anode—grid capacitance, in the case of a screened grid or tetrode valve, to
some 0.025 pF.

A further effect that the inclusion of a screening grid had upon the valve characteristics
was to make the anode current, in its linear region, almost independent of the anode
voltage, which led to very high values for R, and p. Unfortunately, the presence of this
grid caused a problem that when the anode voltage fell, during dynamic conditions, to
less than that of the screening grid, electrons hitting the anode could cause secondary
electrons to be ejected from its surface, especially if the anode was hot or its surface had
been contaminated by cathode material, and these would be collected by the screening
grid, which would cause a kink in the anode current/voltage characteristics. While

this might not matter much in an RF amplifier, it would cause an unacceptable level of
distortion if used in an audio amplifier sta