





amount of negative feedback must extend to at least one octave
above the audio range to maintain stability,

2. Assuming a flat response up to 20 kHz is required, then
the rate of attenuation above this frequency must not exceed
6 dB per octave to avoid “ringing,” and

3. To reproduce square waves properly the pass-band must
be ten times the input frequency. The difficulty here is to equate
square waves with music and some experts maintain that it is
only necessary for an amplifier to pass square waves up to 4
kHz, thus indicating a response up to 40 kHz. There is a school
of thought which goes much further than this [2]. Their argu-
ment is based on the Helmholtz theory that most music really
consists of a series of tiny transients that blend together in our
ears, and they claim that an amplifier must therefore be able to
reproduce a square wave of 20 kHz without distortion. This
means a bandwidth of ten times 20 kHz or 200 kHz. One reason
why this point of view is not widely accepted is the limitations
in program sources but one thing is certain—the higher frequen-
cies play a more important part in fidelity of reproduction than
was thought possible some years ago. Tests have been made
indicating that the removal of frequencies above 20 kHz or so
can be detected by listeners who are deaf to anything above
15 kHz. One such experiment described by Slot of Philips
involved two scientists, one of whom was absolutely, deaf to
frequencies above 10 kHz and the other above 11 kHz [3]. Both
could unfailingly tell when a filter was switched into circuit
that brought the highest limit down from 18 kHz to 12 kHz. Slot
goes on to say, “It may be that the highest frequencies, even
though they are not actually observed, still give rise to inter-
modulation within the hearing system and that the absence of
these subjective intermodulation tones is considered unnatural.”

Experiments carried out some years ago at Wharfedale with
very wideband amplifiers were not conclusive—sometimes
listeners preferred a response up to 200 kHz, sometimes a more
restricted range was considered more natural—depending on
the program material. It would seem logical to assume that if
the upper frequencies do contain some kind of information,
then they could also add to the sum total of distortion. In other
words the wider you open the window, the more dirt blows in.
So it would seem essential that a very wide band amplifier
should have a switched filter to give best results. Summing up,
an overall frequency range (measured at 1 watt) of 5 Hz to
70 kHz within 1 or 2 dB really represents a middle-of-the-road
approach, with 20 Hz to 30 kHz within 2 dB being the lower
limits. Incidently, frequency range should always be quoted
with a dB reference, the often used formula “frequency response
2 to 50 kHz" or whatever being virtually meaningless.

Power Output

How much power is needed? What with experts recommend-
ing anything from 5 to 500 watts and speaking about sine-wave
power, Music Power, peak power. and so on, it is no wonder
many people are a little confused. Ample power should be
available to handle peak transient signals without distortion
and how much is enough depends on the size of the room,
speaker efficiency, and personal taste (and possibly that of the
neighbors). Speaker efficiencies range from the 25% of the large
horn systems right down to the meager 0.5% of the small book-
shelf models. So | watt fed to a large horn system would make
as much noise as 50 watts into a bookshelf unit. A good average
figure is 3% increasing to 5% for larger floor models. A total
power of 30 to 70 watts would be needed for a small to average
size room, increasing to 100 watts total for a large room. These
figures refer to old fashioned rms watts, not Music Power. What
exactly is Music Power? According to the IHF it is “the greatest
single frequency power that can be obtained without exceeding
the rated total harmonic distortion when the amplifier is oper-

ated under standard test conditions, except that the measure-
ment shall be taken immediately after the sudden application
of a signal and during a time interval so short that supply
voltages within the amplifier have not changed from their no-
signal values.” In practice, this means using an external stab-
lized power supply.

Obviously, if the d.c. voltage remains constant, then the
Music Power will be the same as the rms, sine wave, or continu-
ous power. On the other hand. if the power supply is badly
regulated, then the Music Power rating will be a lot higher
than the rms figure. Put another way—the power supply is so
designed that it will only deliver full voltage for a very short
duration, so if the signal is not a sine wave but merely consisted
of transient peaks lasting a few milliseconds, the supply voltage
would remain constant.

This is a very comfortable theory because it enables consid-
erable economies to be made—not only with the power supply
transformer, rectifiers, and capacitors, but with the output
transistors and their large expensive heat-sinks. More than this,
it enables an unscrupulous manufacturer to double or even
triple the apparent output figures. But of course. there are
snags—for one thing there is no agreement as to how long the
music transient peaks shall be. Peak powers of some organ
works like Bach's Toccata and Fugue in D are quite long in
duration and the demands of some kinds of electronic music are
even more stringent. The only safe guide is to judge an ampli-
fier's power performance by the rms figures and to bear in
mind that the Music Power rating should not exceed the rms
figure by more than 30%. The specified power should apply
when both channels are driven. Note also that power output is
usually greater for 4 ohm than for 8 ohm loads.

That + 1 dB Rating

Sometimes used in specifications as “Power output, 100
watts + 1dB,” “+ 1 dB” is a dishonest method of rating, as we
have often pointed out. It is roughly equivalent to 21%, so that
the 100 watt amplifier only need put out 79 watts!

Overload

An amplifier should have a smooth overload characteristic
with almost instantaneous recovery. A poorly designed power
supply not only fluctuates in d.c. voltage according to the
signal, but produces severe distortion near overload point due
to a superimposed sawtooth “hum’ waveform caused by insuf-
ficient smoothing at high currents.

Power Bandwidth

This can be defined as the frequency range that lies between
the extremes where the available power falls by half or 3 dB.
Figure 5 shows the power response of two amplifiers, one giving
half power at 15 Hz and 45 kHz and the other (Amplifier A
again) at 55 Hz and 8.5 kHz. Note that both give their rated
power at midband and so both could be sold as 50 watt ampli-
fiers. These days when output transformers are as rare as
acoustic phonographs, loss of power at low frequencies is not
too common but reduced output at the very high frequencies
caused by transistor limitations is occasionally found. How
important is power output at high frequencies? It used to be
thought that full power was not necessary above 8 kHz or
thereabouts. But with improvements in program sources and
sound equipment as a whole, it has been found that the upper
limits ought to be a good deal higher. For instance, the upper
partial or harmonic of the cymbals at 18 kHz has an amplitude
equal to the 680 Hz fundamental and this instrument can still
put out considerable power at 25 kHz. [4]. To be on the safe side,
the half-power point should not be much lower than 30 kHz.
(Some of the best transistor amplifiers can deliver half power
to well over 50 kHz and full power up to 20 Khz.)
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1 watt reference figure, but if the full power figure is used
then this must be borne in mind when making comparisons.
The important question is: How much hum and noise can we
accept and how much is inaudible? Here it is difficult to give
a precise answer, as a lot depends on the proportions of
hum and noise, the frequency response of the amplifier,
response and sensitivity of the loudspeaker system, room
acoustics, ambient noise, and other factors. Noise can be
accentuated by peaks anywhere in the system, particularly
in the speakers, and a spectacular improvement can often be
obtained by replacing the treble unit with a better one
having a smoother response. This will, of course, not only
reduce background noise but it will have an effect on tape
hiss and record noise too. As a general guide, hum and
noise should not exceed the following:

Input Sensitivity Hum and noise
unweighted
(rel. to 1 watt)

Tape Head 2mV 50dB

Phono 3mV 50dB

Radio 100 mV 70 dB

Tape 200 mV 76 dB

Preamplifiers are usually rated with respect to the output
voltage which would give figures some 20 dB higher than
those above.

Sensitivity

There is not much to be said about sensitivity - the
figures in the table above are fairly typical. Due attention
must be paid to the overload factor as the amplifier input
stages come before the volume control. Regarding the ques-
tion of signal-handling capacity, we find a very interesting
situation. Phono pickups are usually rated at so many
millivolts per cm/sec, thus the Empire 999 is rated at 2
millivolts cm/sec. Sometimes an average figure is given, e.g.
the output at 7 cm/sec but obviously the output at the
maximum recorded velocity will also be important. When it
is realized that these peak velocities may reach 30 cm/sec it
will be seen that the amplifier will have to cope with 60
millivolts from the 999, and there are some cartridges that
give an even higher output. To be on the safe side, then,
the amplifier input stages must handle a signal of at least
80 mV. This was not too difficult with tube amplifiers but
certainly posed problems for early transistor amplifiers using
low voltage “front-ends.” However, the advent of high voltage,
low noise silicon transistors eased the situation considerably,
and some of the best amplifiers can handle signals up to 100
millivolts.

A few words on impedance: A value of 47 K will suit the
majority of pickups and this has become the accepted
standard. Few amplifiers have tape head input sockets these
days and one of the reasons is the difficulty of correct
matching. Tape heads have widely differing characteristics
and there is also the question of tape speed. As a rule then,
tape equalization provided by a conventional amplifier is
very much a compromise and it is much better to use a
matched, equalized preamplifier inside the recorder and
feeding the output into the amplifier at high level.

Channel Matching

Most likely cause of deviations from accurate channel
matching are the ganged controls, particularly the volume
control. Figures are rarely given but a good amplifier should
maintain channel matching within 2 dB at all control settings.
The usual range provided by the balance control itself is
plus and minus 6 dB, more than enough to take care of
divergencies from program sources and ancillary equipment.

Crosstalk

Crosstalk between channels posed some problems with
tube amplifiers due to the high impedances involved but
most transistor amplifiers have at least 30 dB separation up
to 10,000 Hz or higher.

Facilities

Some amplifiers boast a great variety of facilities such as
headphone sockets, phasing switch, provision for center
channel, oscilloscope display, extension speaker switch,
speaker mute, arrays of indicator lamps, and so on. Apart
from the headphone socket which is really a “must” the
rest are refinements which of course cost money and you
have to decide whether they are worth it or not. Switched
inputs for tuner, phono. and tape are more or less standard
but it is definitely useful to have an extra auxiliary position
for a cassette recorder or an AM radio. Two switched phono
inputs are provided on some amplifiers—useful for compari-
son purposes but probably not that important for most
people.

Reliability

It is no use having an amplifier with all the desirable
features if it continually gives trouble. So put reliability at
the top of the list. . . . Here is where transistors score heavily
over tubes which, in theory, begin to deteriorate from the
moment the unit is switched on. The most likely cause of
trouble is the accidental shorting of the speaker terminals
or abnormally high input transients which could damage
the output and possibly the driver transistors. Fuses are only
a partial protection (they do not blow fast enough) but the
majority of amplifiers use protection circuits that limit
current or switch off the d.c. power supply under overload
conditions.

Well, we seem to have covered everything—except for the
question of styling. This is very much a matter of personal
taste, but whether you prefer a simple, uncluttered control
panel or one more like something from an Apollo space
rocket it should be functional. Knobs should not be too
small to handle properly, switches should be positive and
if knobs are inscribed with some indication of position,
these indents must be near the panel marks to avoid
parallax errors. Inscriptions should not be too small or use
unduly fancy typeface so a magnifying glass is necessary
to read it and knobs ought not to be too close together.

A recent trend is the use of slider units for some of the
controls—usually for tone and balance. One advantage is that
the actual positions can be seen from some distance away
but many people find the old fashioned rotaries a little
easier to use. IU's a matter of opinion, because slide controls
are used almost exclusively in recording studios—although
they are invariably mounted in a horizontal plane. A final
point concerns on/off switches: At one time it was always
considered good design practice to mount these separately
to avoid undue wear on the volume control. This is not so
necessary these days and a combined control certainly helps
to avoid a disconcerting blast of sound as soon as you switch
on. . . .Good Listening! /.3
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