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In recent years the use of large amounts of negative feed-
back in audio amplifiers has become controversial. Several
people have examined the time-response properties of feed-
back amplifiers and have concluded that amplifiers which
employ large amounts of negative feedback are prone to a
form of high-frequency distortion called “transient intermo-
dulation distortion” (TIM) [1-4]. Simply put, this distortion is
said to occur when a signal changes too quickly for the am-
plifier to follow it properly.

The observation that a large amount of negative feedback
causes TIM tends to run counter to the conventional wisdom
that increased negative feedback generally improves a given
amplifier’s performance, so long as adequate stability is pre-
served. Several other researchers have recently questioned
these findings and conclude that large amounts of negative
feedback do not increase the possibility of TIM and can in
fact improve amplifier performance as long as the amplifier
has an adequate slew rate [5,6].

TIM is thus a popular subject surrounded by a certain
amount of controversy. It has also become a frequently cited
reason for degraded sound. Advertisements indicate that sev-
eral manufacturers have been influenced by the discussions
as well, some proudly pointing out that they use very little
negative feedback.

Much of the misunderstanding and disagreement sur-
rounding the subject seems to stem from inadequate consid-
eration of the trade-offs and constraints involved in the ap-
plication of negative feedback, especially as it relates to con-
temporary, real-world amplifier circuits. This is particularly
true of feedback compensation. For this reason, we will take
the time to review important negative feedback principles
where necessary. Given a good understanding of negative
feedback as it is applied to audio amplifiers, some of the TIM
issues should become easier to resolve.

Before proceeding, we should point out that TIM, which is
associated with negative feedback and its compensation, is
only one form of high-frequency intermodulation distortion.
The term “dynamic intermodulation distortion” (DIM) has
been used to describe the general class of intermodulation

distortions which depend on frequency as well as amplitude..

TIM is thus one form of DIM. Since the product of frequency
and amplitude implies rate-of-change, and since the maxi-
mum rate-of-change that an amplifier can follow is called its
slew rate, the term “slew induced distortion” (SID) has also
been used as a label for DIM. These distinctions are, howev-
er, relatively weak and unimportant, referring more to the
mechanism than to the measured or audible effect. Because
it is the source of most of the controversy, we will concen-
trate on TIM; however, our discussion will consider other
sources of DIM as well, some of which may in practice be
more serious.

Transient Intermodulation Distortion

First, let’s take a look at the popular TIM arguments to get
some background. What follows is a sort of composite para-
phrasing of many of the arguments which have appeared.

ANOTHER VIEW OF

Feedback amplifiers operate on the principle that a large
portion of the input signal is cancelled by feedback from the
amplifier output, leaving a small signal-plus-error which
drives the amplifier so as to produce the desired output. In
amplifiers with large amounts of negative feedback, this sig-
nal-plus-error is forced to be very small and thus, in theory,
low distortion results. Under these conditions, the net gain
with feedback (closed-loop gain) depends almost exclusively
on how much of the output signal is fed back; i.e., if one-
tenth of it is fed back, the gain will be 10. The large feedback
factor (ratio of gain without feedback to gain with feedback)
is obtained by putting a large amount of gain in the forward-
path or open-loop amplifier. The open-loop amplifier is thus
very sensitive and will overload if the error, for some reason,
gets at all appreciable.

All amplifiers have a finite delay from input to output. If a
feedback amplifier is driven with a signal having a very fast
rise time (like the leading edge of a square wave), there will
be a brief interval during which the open-loop amplifier sees
the full input signal, undiminished by negative feedback
which hasn’t yet gotten back to the input. Overload will thus
occur and distortion will result. The more sensitive inputs of
amplifiers with high feedback factors are that much more
prone to such an overload.

Since this form of distortion is brought about by fast tran-
sients in the input signal and because an overload condition
causes intermodulation distortion, the phenomenon is re-
ferred to as transient intermodulation distortion (TIM).

Returning to the origins of TIM, the situation is further
aggravated by the additional slowness of response intro-
duced in the open-loop amplifier by necessary feedback
compensation. Each stage in a multi-stage amplifier intro-
duces phase shift that increases with frequency. Feedback
compensation rolls off the open-loop response so that the
feedback factor falls below unity before enough excess phase
shift accumulates to cause instability or peaking in the
closed-loop response. The frequency where the feedback
factor falls to unity is called the gain crossover frequency. In
order to achieve a stable gain crossover frequency, the 6 dB/
octave compensation roll-off must begin at some lower fre-
quency. Amplifiers with large feedback factors (at low fre-
quencies) have more gain to “get rid of”” and must start their
compensation roll-off at a lower frequency, resulting in a
smaller open-loop bandwidth. An amplifier with 20 dB of
feedback needn’t start its roll-off until 100 kHz for a 1-MHz
gain crossover, while one with 60 dB of feedback must start
at 1 kHz. The latter amplifier, with heavier feedback compen-
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Fig. 1—Post-RIAA spectral distribution for phonograph
records.

sation and a long open-loop time constant, is thus slower in
responding to input signals.

In responding to a fast input signal (e.g., a square wave}, a
large internal voltage or current overshoot will be produced
in order to quickly charge the compensating capacitor and
overcome the effect of the long time constant it introduces.
The large overshoot is produced during the interval between
the fast input change and the time when the feedback
catches up with the input, when a large difference or error
signal is applied to the open-loop amplifier.

In some cases this overshoot may be 10 to 100 times as
large as the nominal signal levels at that point. Unfortunate-
ly, the stages prior to the compensation point cannot always
handle such a large signal without nonlinearity or outright
clipping. If the overshoot causes these stages to clip or gen-
erate distortion, TIM results. When these overshoots are
clipped, the amplifier is into the well-known phenomenon of
slew-rate limiting.

It can be shown mathematically that if the input signal is
bandlimited to a frequency less than the open-loop
bandwidth of the amplifier, no overshoot can occur, even if
the input signal is a bandlimited square wave. Thus, wide
open-loop bandwidth eliminates the possibility of TIM
caused by overshoots. Having wide open-loop bandwidth, in
turn, places a limit on the feedback factor for a given gain
crossover frequency. For example, if we choose an open-loop
bandwidth of 20 kHz and a gain crossover frequency of 1
MHz, then we are limited to a feedback factor of only 34 dB.

The above explanationof TIM seems plausible enough, and
it has appeared in various forms in many places. It is the
origin of the popular belief that small feedback factors and
wide open-loop bandwidth are necessary for minimizing
TIM. Although it may at first glance seem convincing, this
explanation is somewhat oversimplified and misleading.
While some of the issues have been analyzed in great detail
in technical papers, other more important considerations
have been ignored. In several respects,the problem seems to
lie with not seeing the forest for the trees. A few more recent
papers have, however, done a very good job in lending in-
sight and perspective to some of the more important issues
[5,6].

The approach taken here will involve less detail and more
scope and perspective. For example, we’ll attempt to deter-
mine just how fast audio program signals really are. The
length of the unavoidable time delay in the amplifier and
how it is affected by feedback compensation is another im-
portant area in need of discussion. We will also examine the
conditions governing overload of an amplifier’s internal stag-
es. This will be done in the context of a practical amplifier

topology with realistic combinations of feedback factor and
open-loop bandwidth. Recognizing that in addition to limits
on amplitude, amplifiers are limited to providing a maximum
rate-of-change at their output, much attention will be paid to
amplifier slew-rate performance and its relationship to TIM.
Finally, techniques for measuring amplifier TIM performance
will be discussed.

Program Characteristics

Just as all real amplifiers are bandlimited, so are all real
program sources. No program source will ever produce a
square wave with razor-sharp edges. In fact, not only are
program sources bandlimited in the small-signal sense, but
they are more seriously limited in large-signal bandwidth, or
power bandwidth. As an example, a fine tape machine might
be flat to 20 kHz at low levels, but it typically cannot produce
anywhere near full output at 20 kHz. Such restrictions are
usually due to equalization which pre-emphasizes the high
frequencies so that the subsequent de-empbhasis at the repro-
ducing end will reduce high-frequency noise. High frequen-
cies will, therefore, overload the medium more readily than
fow frequencies. Such equalization characteristics are com-
mon to almost every type of program source, including pho-
nograph, FM, and tape. As a result, the maximum high-fre-
quency output of each program source is constrained to
rather well-defined limits.

Since signals with a large rate-of-change or “time deriva-
tive” are generally the cause of TIM, we need a way of
characterizing the tendency of a given program source to
produce them. Such a measure should not be absolute, like
time derivative, but rather should be relative so that it can be
applied equally well at different points in the system regard-
less of signal level. We will therefore use the ratio of peak
time derivative to peak amplitude expressed in “volts-per-
microsecond per volt” (V/ ps)/V, and call it the normalized
time derivative. The inverse of this quantity is similar to, but
not quite the same as large-signal rise time. Knowing the
normalized time derivative, we can go to any point in the
system and, given the maximum amplitude at that point,
determine the commensurate maximum time derivative.

With the exception of a microphone, the best source of
fast program signals in the home is probably the phono-
graph. However, its performance is well-constrained by me-
chanical processes such as tracking. The performance is also
well characterized. In Fig. 1, the dots are a scatter plot of
maximum observed output levels at various frequencies from
a survey of many records. These data were taken from the
familiar trackability diagram widely published by Shure Bros.
[7]. While the usual presentation is in terms of groove veloci-
ty, this information has been RIAA equalized and normalized
to 25 cm/S at 1 kHz and 1V peak. It shows what actually can
be expected at the outputof one’s phono preamp (as shown,
the data are not useful for points in the system prior to RIAA
equalization, such as the phono preamp input). The data
represented by the X’s are spectral data for a single cymbal
crash and were presented by Tomlinson Holman [8]. The
crash is one from a Sheffield Lab direct-to-disc recording
which is noted for its tracking difficulty.

With reference to Fig. 1, we see that the highest amplitude
occurs at 4 kHz and is 1.35 V peak, while the highest time
derivative occurs at 10 kHz and is 0.035 V/ pS. This results in
a normalized time derivative of only 0.026 (V/ pS)/V. Thus,
in a system subjected to a wide variety of material such as
represented by the dots of Fig. 1, a point in the system which
must handle an amplitude of 1 V peak with low distortion
must handle a time derivative of 0.026 V/ uS with equally
low distortion.

Before proceeding further, we should take note of the fact
that an advanced treble control will tend to increase the nor-
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malized time derivative of the program, but not as much as
one might at first think. The reason for this is found upon
further examination of Fig. 1. The peak time derivative will
increase in proportion to the greater amplitude of the high-
frequency signals. However, most treble control action oc-
curs between 2 kHz and 10 kHz, meaning that the overall
peak amplitude (occurring at 4 to 5 kHz in Fig. 1) will in-
crease somewhat as well. Based on these observations, we
can conclude that 6 dB of treble boost will increase the nor-
malized time derivative by perhaps 50 percent.

While the cymbal crash exhibits substantial ultrasonic con-
tent, its amplitude generally lies below the envelope of the
other points. Notice that its mid-band recording level is actu-
ally rather low in comparison. Taken alone, the normalized
time derivative for the cymbal crash might be fairly high, but
the ratio of interest must be based upon the peak amplitude
for all the music.

Even if the three highest points on Fig. 1 are ignored, an
overall power bandwidth of less than 10 kHz is obtained, and
a maximum normalized time derivative of approximately 0.05
(V/uS) /V results. By comparison, a 20-kHz sinusoid has a
normalized time derivative of 0.126 (V/ uS) /V.

Music, of course, produces many simultaneous points
whose amplitudes and time derivatives add in some fashion
to produce a total amplitude and a total time derivative for
the complete spectrum. We can gain further insight by rec-
ognizing that for mid-band frequencies between about 500
Hz and 2 kHz, post-RIAA amplitude is directly related to re-
corded velocity. Above 2 kHz, post-RIAA time derivative and
recorded velocity are directly related, i.e., a 50-cm/S, 10-kHz
component produces the same time derivative at the output

_ of the phono preamp as a 50-cm/S, 20-kHz component. This

latter relationship is due to the integrating effect of the 2-kHz
RIAA high-frequency roll-off. Knowing this, we can get a
good idea of the normalized time derivative by assuming
realistic values for the maximum total mid-band velocity and
the maximum total high-frequency velocity. Notice that a
smaller assumption for the maximum mid-band velocity
yields a larger normalized time derivative. Keep in mind that
the mid-band and high-frequency maxima need not occur
simultaneously.

As an example, if we assume a maximum mid-band veloci-
ty of 25 cm/S and a large maximum high-frequency velocity
of 150 cm/S (probably impossible to track), we arrive at a
figure of 0.076 (V/pS) /V. Based on this figure, a 100-watt
amplifier which can deliver 40 V peak with an 8-ohm load
must cleanly reproduce signals with 3 V/ u'S time derivatives.

Fig. 2—Compensated and uncompensated power amplifier
open-loop gain vs. frequency.
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This figure may seem very small to some people, but the
term “cleanly” is the key here. We are certainly not talking
about the ultimate slew-rate capability of the amplifier,
which generally occurs under nonlinear operating condi-
tions. Clearly the amplifier must have some operating margin
in order to satisfy the “cleanly” requirement. As we shalil see
later, in some cases this required slewing margin can be sub-
stantial.

Although it is very unlikely that any material will approach
the 0.076 (V/ uS) /V, figure, we can be even more conserva-
tive if we wish and simply say that a full-amplitude 20-kHz
sinusoid, 0.125 (V/ uS) /V, must be handled with adequate
slewing margin. Requiring that a square wave bandlimited to
20 kHz, 0.25 (V/uS) /V, be handled cleanly would add yet
another factor of two in conservatism.

Based on these observations, we may conclude that real
audio signals are not nearly as fast as some would like to
believe. However, this is not cause for complacency with re-
spect to TIM. It merely gives us a more realistic perspective
for dealing with the problem.

Low-Pass Filtering

It has often been suggested that a low-pass filter (LPF) be
placed ahead of the power amplifier to assure that the pro-
gram bandwidth does not exceed the open-loop bandwidth
of the amplifier in order to minimize TIM [1-3]. Although we
will see later that such a precaution has no bearing on TIM
susceptibility, it is worth noting that the LPF will place a limit
on the power bandwidth, and thus the time derivative, of
signals applied to the power amplifier. In this latter respect,
the LPF could prevent TIM if such a limitation were neces-
sary. However, our earlier discussions showed that the power
bandwidth of real audio signals is considerably less than 20
kHz. Assuming that an LPF cutoff of less than 40 kHz is unac-
ceptable due to frequency-response error (-1 dB at 20 kHz
assuming first-order cutoff), it is quite safe to say that such a
filter will have no effect on TIM produced by program sig-
nals.

Ticks, pops, and mistracking may, however, produce con-
siderably larger normalized time derivatives than program, at
least in the case where wideband moving-coil cartridges are
employed. Values as high as 0.1 to 0.2 (V/uS) /V may be
encountered. However, even a step input will only be limited
to 0.25 (V/ uS) /V by a 40-kHz LPF. The filter will thus have
only a limited effect on the smaller normalized time deriva-
tive of the ticks, pops, and mistracking. One also has to won-
der how important TIM-free reproduction of these annoying
signals really is. It is probably sufficient that slew-rate limiting
not be encountered in the system under these conditions.

The only sensible reason for an LPF seems to be improved
immunity to r.f. interference, if this is required.

Feedback Compensation

As mentioned earlier, feedback operates on the principle
of feeding a portion of the output back to the input for com-
parison with the input signal. The loop so formed may be
unstable if the phase of the signal is incorrect. Feedback
compensation is employed to assure stability by controlling
the net gain and phase shift a signal sees as it goes around
the complete loop.

Since the role played by feedback compensation is crucial
to the TIM distortion mechanism, and since in many TIM
discussions it is not adequately considered, it is appropriate
at this point to take a look at feedback compensation.

Because all real amplifiers have finite bandwidth, the gain
and thus the feedback factor must begin to roll off at some
frequency. In a multi-stage amplifier, each stage usually con-
tributes one or more “poles” (6 dB/octave roll-offs) and ac-
companying phase shift. If at some high frequency we have

AUDIO ¢ February 1980




44

too much phase shift while we still have gain around the
loop, we will have positive feedback and thus an oscillator.
For this reason, the frequency at which the feedback factor
has decreased to unity (i.e., the gain crossover frequency) is
very important in determining amplifier stability. To prevent
oscillation, the phase shift accumulated beyond the fixed
180-degree loop inversion must be less than 180 degrees at
this frequency. In general, good engineering practice requires
that less than about 135 degrees be accumulated, leaving a
phase margin of at least 45 degrees. in order to obtain the
required stability, feedback compensation is employed to de-
liberately roll off the gain so that the feedback factor goes
below unity before too much phase shift accumulates.

The open-loop gain as a function of frequency for a typical
power amplifier before and after feedback compensation is
shown in Fig. 2. The closed-loop gain is shown as a dotted
line at 26 dB, and the feedback factor is simply the distance
between the solid and dotted curves. It is important to re-
member that each roll-off contributes phase shift (phase lag
or delay) which increases with frequency, but which can nev-
er exceed 90 degrees. At its 3-dB point, or “corner frequen-
cy,” each roll-off generates 45 degrees. The gain and phase
characteristics for a single pole are shown in Fig. 3. Notice
that a single pole placed at a low frequency can create a
great deal of high-frequency loss without ever introducing
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Fig. 3—Gain and phase characteristics for a 1-kHz pole.

more than 90 degrees of phase shift. This is the basis for what
is called lag compensation.

A design with many poles situated below the gain crosso-
ver frequency will tend to be unstable, while one with only a
single pole below this frequency will tend to be stable, even
if that pole is at a very low frequency. The uncompensated
amplifier in Fig. 2 crosses over at 2.4 MHz and has three poles
below that frequency, while the compensated version crosses
over at 1 MHz and has only one pole below the gain crosso-
ver frequency. As is the case in Fig. 2, the compensation net-
work usually decreases substantially the frequency of one
existing pole and may also significantly increase the frequen-
cy of another one. This effect is called pole splitting, and its
double benefit further contributes to stability.

To summarize, the objective of feedback compensation is
quite simple: Establish a gain crossover frequency low
enough to achieve an acceptable phase margin. In a power
amplifier, much of the phase shift at high frequencies is con-
tributed by the output transistors, which typically have ft's
(current gain-bandwidth products) of about 1 to 4 MHz.
Output stages will tend to contribute rapidly increasing
phase shift above this frequency. As a result, reasonable gain
crossover frequencies for power amplifiers are generally in
the range of 0.5 to 2 MHz.

A Typical Power Amplifier

To further put things into perspective, we’ll now take a
brief look at the operation of a practical power amplifier. This
simple amplifier will provide a setting for the examples illus-
trating TIM considerations in the later sections. A simplified
version of a popular amplifier topology is shown in Fig. 4.
Transistors Q1 and Q2 form a differential amplifier which is
the first stage of the open-loop amplifier. Here the feedback
signal applied to the base of Q2 is subtracted from the input
signal applied to the base of Q1. Notice that the feedback
signal is divided down by R4 and R3, which set the closed-
loop gain at about 20. Capacitor C2 allows full feedback at
d.c. to assure a small output offset voltage.

The voltage difference between the bases of Q1 and Q2 is
translated to a current signal which in turn drives the base
circuit of the predriver, Q3. The resulting voltage signal at the
collector of Q3 is delivered to the output with approximately
unity gain by the complementary Darlington emitter-fol-
lower output stage. The primary purpose of the output stage
is to provide current gain and thus present a relatively higi-

impedance load to the collector circuit of Q3. The collector
current for Q3 is provided by a current source so that the
only real load at Q3’s collector is that presented by the out-
put stage. This arrangement provides very high gain in the
predriver stage, especially if the current gain in the output
stage is high.

The uncompensated loop gain of this amplifier is shown in
the top curve of Fig. 2 (assuming transistor betas of 50). Feed-
back compensation of this amplifier is provided by a single
capacitor C3 connected from collector to the base of Q3. This
type of compensation is often referred to as Miller-effect
compensation.

At low frequencies, C3 is an open circuit and the gain is
quite high. At higher frequencies, C3’s reactance decreases,
and it begins to form a tight negative feedback loop around
Q3. At high frequencies, almost all of the signal current from
Q1 flows through C3, rather than R2 and the base of Q3.
Under these conditions, we can almost think of Q3 as an
operational amplifier and its base node as a virtual ground.
At mid- to high frequencies, the voltage at the collector of
Q3 is then approximately the signal current from Q1 times
the reactance of C3. Furthermore, the open-loop gain of the
amplifier will simply be the transconductance {gm) of the
differential amplifier (here about 10 mA per volt) times the
reactance of C3. Since this reactance is decreasing with fre-
quency at 6 dB/octave, so will the open-loop gain of the
amplifier. When this gain decreases to 20 we are at the gain
crossover frequency (f,}, since the feedback path establishes
a closed-loop gain (G.) of 20. The choice of 84 pF for C3
yields a reactance of about 2000 ohms at 1 MHz, thus setting
the gain crossover at that frequency and yielding the lower
curve for open-loop gain in Fig. 2. Expressed in general terms,

U 1
G =2nfc. M
Notice that low-frequency considerations, such as feedback
factor, do notinfluence the choice of C3.

Propagation Delay

Some authors have reasoned that an amplifier presented
with a very fast transient will be without negative feedback
for a short period of time until the feedback signal, having
suffered inevitable delay, arrives to cancel most of the input
signal [1,3]. During this delay time, it is reasoned, some stag-
es in the open-loop amplifier may clip due to the unusually
large input signal.

There is little question that such a problem will occur if a
square wave with a 1 nS rise time is applied to an audio
amplifier. However, to assess the practical likelihood of such
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Fig. 4—Simplified schematic of a popular power amplifier
design.

a problem, we must consider the time it takes a real program
signal to rise, what the delay time really is (it is not the open-
loop rise time as some have implied), and the overload
mechanism of open-loop amplifier gain stages.

The open-loop amplifier can be modeled as a block of
gain, a dominant first-order compensation roll-off, and a
pure delay as shown in Fig. 5. Effects of the other nondomi-
nant poles are lumped in with the delay with little loss of
accuracy. It is well-known that, following a step change at
the input of a first-order RC low-pass filter, the output begins
to change immediately, no matter how long the RC time
constant; only the rate of change will depend on the time
constant. Thus, after a sudden change at the amplifier input,
the output will begin to change after the above-mentioned
pure delay. This is the propagation delay time of the ampli-
fier and is the delay time during which we must be con-
cerned about overloading the ampilifier in order to deal with
the issue raised above.

The propagation delay time can be estimated by consider-:

ing the phase margin of the feedback loop. If an amplifier
has a phase margin of 45 degrees at a 1-MHz gain crossover,
then the total forward path delay (assumning a flat feedback
path) must be 135 degrees, of which about 90 degrees is from
the compensation pole and 45 degrees is from the propaga-
tion delay. This works out to 125 nS. Most power amplifiers
will have considerably less propagation delay than this.

It should be pointed out that it is incorrect to say that the
amplifier is without feedback during this interval. The
closed-loop amplifier is a linear system so long as the gain,
roll-off, and delay elements of the model are linear. It is also

Fig. 5—A simple model of the open-loop amplifier showing
time response to a step input. In practice, gain and delay are
distributed throughout the amplifier.
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a continuous system in spite of the delay, and feedback is
present 100 percent of the time as long as no stages are
clipped. The feedback is, however, continuously “out of
date” by a time equal to the delay. Fortunately, the feedback
equations readily take this into account in both the frequen-
cy and time domains.

Can a full-amplitude input signal, such as a bandlimited
square wave, rise far enough in 125 n$ to cause any amplifier
stages to become nonlinear or to overload? The integrating
action of the compensation will prevent stages beyond the
compensation from overloading, typically leaving only the
input stage before it to worry about (see Fig. 4).

Consider as a worst case a 2-V peak square wave bandlim-
ited to 20 kHz. It will rise about 63 mV in 125 nS, and this is
enough to drive some input stages into nonlinearity. This is
particularly true of the differential pair without emitter resis-
tors (local feedback often called emitter degeneration), as
shown in the design of Fig. 4. With a 63-mV error signal
driving it, its small-signal gain is less than half its nominal
value. This nonlinearity would result in “soft” TIM under
these conditions. However, most high-quality amplifier de-
signs have enough local feedback of one sort or another at
the input stage to allow good linearity in handling such an
error signal. As we will see momentarily, such feedback is
usually also an important ingredient in achieving high slew
rate.

Feedback factor and open-loop bandwidth are clearly not
relevant here, since designs with different values for these
parameters could easily have the same input stage design
and propagation delay. The important criterion here is to
have an input stage that can handle large ‘input signals, at
least under transient conditions.

Slew Rate

Real power amplifiers are not only limited in terms of out-
put amplitude; they are also limited with respect to the rate-
of-change or time derivative of the output. When an ampli-
fier is asked to deliver more than its maximum amplitude, it
clips and produces a constant amplitude independent of the
input signal. Similarly, if an amplifier is called upon to deliver
a greater time derivative than its slew rate, the amplifier will
go into slew-rate limiting and produce an output rate-of-
change independent of the input signal. As with amplitude-
induced distortion, slew-induced distortion (SID), or (TIM),
has a gradual onset. It is non-zero below the slew-rate limit
and rises as the slew-rate limit is approached.

Having discussed amplifier behavior during the propaga-
tion delay interval following a sudden input change, we must
now determine if the amplifier can keep up with the time
derivative called for by the input signal without being driven
into nonlinearity by internal error signals (i.e., overshoots).
This is basically a question of margin against slew-rate limit-
ing, since slewing is the result when the internal overshoots
are so big they are clipped. Recall that these overshoots are
generally the result of the circuit attempting to quickly
charge capacitances, particularly the compensating capacitor.

At this point it is important to emphasize that it is the
magnitude of these overshoots which is important, not per-
centage; many papers in the literature have erred in empha-
sizing the iatter [1, 2]. It should be clear that good margin
against slew-rate limiting guarantees that the overshoots will
not be large enough to cause nonlinearity and thus TIM.

How does feedback factor affect slew rate? By itself, not at
all. For example, amplifiers with high feedback factors usual-
ly have the extra open-loop gain after the point of compen-
sation. The most common example is the use of a current
source collector load on the predriver stage, as in Fig. 4. Sup-
pose for the moment that the predriver stage has a shunt
capacitor at its input (base) for compensation (unlike Fig. 4).
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Fig. 6—A model of the feedback amplifier showing the error
time response to a bandlimited step input for various
combinations of feedback factor and open-loop bandwidth.
Closed-loop bandwidth is held constant, and feedback is
varied by changing only A2. Input level is assumed to be zero
prior to the step.

If we double the gain after the compensation by some
means, we must double the value of the compensating ca-
pacitor to restore the gain crossover frequency to its original
value. However, the added gain means that we now need
only half the time derivative on the capacitor to achieve the
same output time derivative, so the magnitude of the current
overshoot charging the larger compensating capacitor is un-
changed. The percentage overshoot is approximately dou-
bled, however, because of the smaller final value as a result
of the doubled d.c. gain. This is illustrated in Fig. 6. Even
though the open-loop roll-off starts one octave lower, the
input stage doesn’t have to work any harder to achieve a
given slew rate.

The situation is the same for amplifiers using Miller-effect
compensation as in Fig. 4. Here, even the capacitor value is
unchanged as the feedback factor is raised or lowered by
varying the load impedance of the predriver (Q3). This is so
because the feedback action of C3 controls the high-fre-
quency gain rather than the load resistance. Amplifiers which
are deliberately designed with low feedback factors typically
achieve this by placing a physical load resistance from the
collector of the predriver to ground [9].

If we assume that all of the signal current from the input
stage can flow into C3, then the slew rate for the amplifier in
Fig. 4 is about (0.5 mA/84 pF) = 6 V/ uS. In practice, it will be
somewhat less because of some current flow into R2 and Q3.

An improved amplifier is shown in Fig. 7 and is an example
of an amplifier with a very high feedback factor. In addition

Fig. 7—Simplified schematic of an improved power amplifier.
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to using a high-quality current source load for the predriver,
triple Darlingtons are utilized in the output stage for extra
current gain and hence a lighter load on the predriver collec-
tor node. Addition of the pair of dotted predriver load resis-
tors, R15 and R16, will convert it to a low-feedback design
with a 20-kHz open-loop bandwidth. The required compen-
sating capacitance remains unchanged.

The open-loop gain for the high- and low-feedback ver-
sions of Fig. 7 is shown in Fig. 8. The gain crossover frequency
for both designs is the same, and the only difference is in-
creased loop gain at frequencies below 20 kHz for the high-
feedback design. The slew rate for both designs is the same
for a step input starting at zero volts. This further illustrates
the fact that feedback factor and open-loop bandwidth have
no effect on siew rate.

What does affect slew rate is the design of the input stage.
For a given size compensating capacitor, an input stage with
a higher output current capability will provide an increased
slew rate. However, merely increasing the tail current of a
simple differential pair stage, as in Fig. 4, will not work be-
cause that will increase the stage gain (transconductance) by
the same factor. This would then necessitate a proportionate-
ly larger compensating capacitor to restore the gain-crossover
frequency, and the slew rate would be back to where it was
before. One popular solution is to use emitter degeneration.
For example, we can keep the tail current the same, use em-
itter degeneration to reduce the gain, and then use a smaller
compensating capacitor. This approach is used in Fig. 7,
where R2 and R3 reduce the gain by a factor of 10. This
permits a dramatic increase in slew rate. Local emitter degen-
eration is also desirable because it increases the overall
linearity of the stage and permits linear operation up to a
larger percentage of the ultimate slewing capability.

It is important to realize that the extra gain in most ampli-
fiers with high feedback factors is not achieved by adding
more voltage-gain stages, which would tend to increase non-
linearity and propagation delay. As can be seen from Fig. 7,
the only elements which need to be added to achieve very
high gain are emitter-followers. These stages are practically
delayless and actually tend to improve linearity by isolating
driving stages from the input nonlinearities of the next stage.
Nonlinearities resulting from transistor beta dependence on
collector voltage (Early effect) and current and junction ca-
pacitance dependence on voltage are reduced in this way.

It was mentioned earlier that a 100-watt amplifier would
have to cleanly handle time derivatives up to about 3 V/ p$S
for worst-case program material. How much margin against
slew-rate limiting is required for clean, low-TIM operation?
This depends very much on the particular amplifier design. A
good design with plenty of local feedback and a linear open-
loop response may require a margin of less than 1.5 to 1,
while a really poor design with gross open-loop nonlinearity
could require as much as 10 to 1. However, even the often-
criticized 741 operational amplifier, when operated under
reasonable conditions, requires less than a margin of 5to 1.

A margin of 4 to 1 should be more than adequate for pow-
er amplifiers of reasonable design to guarantee that TIM pro-
duced by internal overshoots will be completely inaudible.
Based on this and the previously discussed program charac-
teristics, the 100-watt amplifier should provide a slew rate of
at least 12 V/puS. This also gives us a 50 percent margin
against slewing in the presence of a 0.2 (V/ uS)/V full-ampli-
tude pop or tick.

Notice that we've paid very little attention to what hap-
pens when outright slew-rate limiting occurs; rather, we’ve
outlined the conditions required to stay in a rather linear
region of operation where, at most, the nonlinearities are
soft. This is mainly because TIM will become audible before
slew-rate limiting occurs. However, it is worth noting that
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Fig. 8—Open-loop gain comparison of amplifiers with high
and low feedback factors and equal gain crossover
frequency. The major difference is the greater feedback in
the audio band for the former case.

recovery from a slewing condition for most contemporary
amplifier topologies is not affected by the open-loop time
constant. This was not necessarily the case in some very early
transistor amplifier designs in which a transistor could satu-
rate during slewing and charge the compensating capacitor
to an abnormal voltage. Recovery in modern amplifiers is not

significantly longer than the time it takes the output to slew
to the new signal value.

At this point, it should be clear that slew rate is the most
important single parameter governing TIM performance,
while feedback factor and open-loop bandwidth have no
bearing on TIM. In Part Il, we’ll continue by looking at other
causes of high-frequency or dynamic intermodulation distor-
tion (DIM), why a large feedback factor is good instead of
bad, and techniques available for measuring TIM in the lab. 4
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