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HIS STUDY BEGAN as a general inves-

tigation into forms of transient IM

distortion in op amps in general,

and in IC op amps in particular,
Since so very much has been writtemn in
the past few years on transient inter-
modulation distortion (TIM) in audio am-
plifiers!=!i 15 L7__most particularly
the power amplifier--my original object
was to seek some answers to which I
could attach numbers and correlate these
with what I heard.

Many of these writings damn IC op amps
as the bane of the quality sound we all
seek and treasure. On the face of some
of it, one should dismiss the use of op
amps in an audio signal path as some-
thing abhorrent, to be avoided at all
costs. And indeed, some of the corres-
pondence I receive doesn't just suggest
this, it virtually demands it. I'm sure
we have all read more than one equipment
review which has mentioned "IC'" or
"transistor" sound, the harsh, hard,
gritty stuff that grates the sensitivi-
ties,

But, if we sit back and reflect on the
overall recording-to-reproduction system
(of which our own end is only a part),
we can see some obvious inconsistencies.
We all know a recorded signal goes
through many, many amplifiers before it
reaches our ears and most of them are
beyond our control. Consider an cbvious-
ly well recorded example of today's re-
leases and I think we can all agree the
sound can be very good. And solid state
amplifiers are used almost exclusively
in the recording process.

Many console manufacturers use design
concepts based largely on op amps, of
either IC or modular variety. Some have
excellent track records, while others do
not. So great a number of companies use
IC op amps in their products that the
sheer numbers as well as the design dif-
ferences (even if all details were
available) would prevent us pinpointing
which of these sound good and which
sound bad.

Some attempts have been made to iden-
tify the "solid state'" sound, to use an
overworked and undefined term, most not-
ably the Hamm paper> which appeared in
the AES Journal. Hamm condemns solid
state amplifiers by alleging that they
sound hard when overloaded, due to their
generation of an almost purely odd har-
monic distortion product structure.
While it is not my aim in this particu-
lar installment to get into the issues
of the sound-during-clipping phenomenon,
I hope to deal with them in the near fu-
ture.
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One point which Hamm's studies stress,
however (and one which is probably fa-
miliar to us all), is that odd harmonic
distortion in audio amplifiers is pain-
fully obvious to the ear. This point
ties in quite well with the subject of
this article, the control of the slewing
distortion mechanism, which produces odd
harmonic distortion, inpherently,

I hope the results of this study will
clarify the use of IC op amps in audio,
to a point that the reader will believe
they don't automatically generate prob-
lems, can be used with confidence, and
are highly predictable in both measured
results and listening quality. Since the
published correlation of measured re-
sults with sound quality is so woefully
lacking in the audio field, I suspect
any progress at all in this area will be
more than welcome,

A General Look at Slew Rate

Slew rate limiting can occur at virtual-
ly any point in the audio chain, but is
most likely to occur at points of maxi-
mum voltage swing, where the required
rate of change is greatest, The limita-
tion comes about due to a fundamental
voltage/current relationship in capaci-
tors as illustrated in block form in
Fig. A.

Here an audio amplifier is represented
by the symbol A. Capacitor C, which in
practice could be either an integral
part of the amplifier or an external
load capacitance, is electrically con-
nected across the output of the ampli-
fier. Thus it sees the full output volt-

FIG. A

I_. OUTPUT

INPUT —1  voumce
T

SR = slew rate = maximum output
voltage rate of change, in
V/uS (usec.) or V/S

in terms of circuit parameters,

SR =1/C where | is
capacitor charging current {(amp}
and C is capacitance being charged
(Farads). Yields SR in terms of V/S
{divide by 10°% for V/us).
Example: } - 1mA = 1 x 1073,

C=0.01yF = 1 x 1078
SR = 0.1V/pS

Fig.A: General representation of
slew rate limiting.
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Fig.B: Classic two transistor RIAA preamp.

age swing. It is a fundamental circuit
relationship (regardless of the type of
active devices used) that the maximum
output current available from this am-
plifier will determine the maximum rate
of voltage change which can appear
across this capacitor.

This can be stated mathematically
quite simply. For a current I, the rate
of change, or slew rate (abbreviated
SR}, is simply SR = I/C. With I in Am-
peres and C in Farads, SR is in units of
Volts per second (V/S). More commonly,
SR is given in V/uS, as 10V/pS. 107V/S
would be equivalent to 10V/uS.

A constant current into a fixed value
capacitor will result in a linear, or
ramp-like waveform of voltage, Audio
signals are not ramps, or triangular
waveforms, to be sure, but for a sine
wave the maximum rate of change occurs
at the zero crossings. This factor is
the basis of the so-called "full power
bandwidth" (abbreviated fp) which re-
lates SR and a maximum full amplitude
sine wave signal. This relationship is
simply

SR
fp = 27Eop
where Eop is the peak output voltage.
Thus the two parameters are directly re-
lated, and slew rate can be expressed in
terms of fp as
SR = 2nEopfp .

We will do well to remember that fp is
by definition the beginning of complete
slew rate limiting, and generally will
be accompanied by 1-3% THD. The desired
output sine wave under slew rate limited
conditions will in actuality more nearly
resemble a triangular wave, due to the
rate limiting effect.

The above is about as complete a dis-
cussion as you will be able to find in
many references on the subject, as if to
imply that is all there is to it. Noth-
ing could be further from the truth. In
fact, slew rate, or slewing induced dis-
tortion, is the single largest distor-
tion mechanism in solid state audio am
plifiers today. .

This is a little appreciated fact, and
is evident by both the dearth of pub-
lished material on it in audio litera-
ture, and the number of product specifi-
cations which neither recognize nor de-
fine it, Further, recent comments to
this writer by individuals seemingly
knowledgeable in audio even indicates
some confusion among professionals about
how to measure slew rate. Adding to the

confusion, a rash of recent articles
speak of transient IM distortion as
though it were something entirely separ-
ate from slewing induced distortion when
in actuality it is not, in many cases,

I hope this article will clear up some
of this confusion and provide the reader
with a convincing overview of the magni-
tude of slew induced distortion problems
in audio.

As I suggested earlier, many discus-
sions of amplifier slewing rate imply
(or flatly state) that it is a mechanism
which suddenly produces distortion when
the full power bandwidth point is
reached. This is simply not true, unless
you accept the premise that distortion
is only significant when it reaches 1%,
In reality, the approach of the slewing
rate limit of an amplifier can produce
easily measurable and significant dis-
tortion products at frequencies as low
as 1/10 or 1/5 of the full power band-
width. I have personally observed this
phenomenon on many, many samples of dif-
ferent IC op amp types, as well as more
conventional preamp circuits and power
amplifiers.

Many people evidently see no reason to
get excited over the slew rate flap;
and simply do not believe it is a major
audible defect. I can recall one design
engineer (who claimed to be an audio-
phile) who said any distortion above
10kHz was not worth worrying over, as it
was by definition inaudible. This is
naive optimism.

Consider the presence of two high lev-
el, HF tones with a close frequency
spacing. Their LF intermodulation prod-
uct pops out down in the bass or mid
frequency region, and is highly audible,
And this is exactly the way slewing in-
duced distortion works on two-tone IM
tests, producing strong LF intermodula-
tion components. You should also consid-
er brief HF transients as well as tomes.
If the slewing rate of an amplifier is
pushed (not even exceeded, necessarily)
even momentarily, intermodulation will
occur and will probably be audible. It
can also occur (indeed, is most likely)
with high level supersonic signals which
will cross-modulate down into the audi-
ble region,

These audio circuit ills can be dealt
with in many ways, which we will dis-
cuss later in this series. First, how-
ever, let's examine cases which give
rise to slewing problems that I hope
will give you a deeper appreciation of

the severity of the problem. In other
words, if you are still unconvinced, let
me cite some graphic examples to make a
believer of you,

One case in point is the familiar RIAA
phono preamp stage. I would venture a
guess that a great many of them suffer
(at least potentially, if not in fact)
from slewing induced distortion, simply
because they cannot fully charge their
own equalization capacitors. Fig. B, a
simplified schematic of the classic two-
transistor feedback pair as applied to
RIAA phono preamp use, will demonstrate
this.

At high frequencies, equalization
feedback capacitors CA and CB appear as
a single equivalent capacitance to
ground in series with RC. A typical
(lumped) value of capacitance for CA-CB
will be in the range of 0.005uF, with RC
in the range of 500 Ohms to lk. Collect-
or load resistor RL may be about 10k,

Much is written about phono preamp
overload phenomena, to the point that
supply voltages are being run at 30 to
40V, to handle high cartridges outputs,
with the object of yielding a 1kHz out-
put of 10V RMS or so. [The Technics SU
9600 reportedly uses 136V in its preamp.
See Wireless World, Nov. '76, p.41.--
Ed.] Here we uncover the inconsistency
of this thinking, however. If such a
stage must handle 10V at 1kHz, is it not
reasonable to expect it also to do so at
20kHz? I would think so, but it is just
about impossible with typical circuit
values, For instance, a 10V RMS level is
14V peak, and at 20kHz the required slew
rate is

SR = 2nEopfp
= 2w (14) (20000)
= 1,750,000 V/S (or 1.75 V/uS)
since SR = I/C, and using a C of 0.005uF
the required charging current is
I = (5R)(C)
= (1.75 x 108) (5 x 107%)
= 8.75mA

Now 8.75mA by itself may not appear to
be an insurmountable limit, but this
stage will be generating about 1% dis-
tortion at 20kHz for this level of cur-
rent, If, as a safety factor, we raise
the current by a factor of 5, the Q2
stage will be running at over 5S0mA which
will get the distortion down, but cer-
tainly creates other problems, as Q2
will be dissipating nearly a Watt. I be-
lieve it should be obvious that the cir-
cuit values of Fig. B will not allow 10V
RMS @ 20kHz.

One might be tempted to reduce capaci-
tor size to gain relief, but this will
in turn raise resistance proportionate-
ly, creating noise problems. In a limit-
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Considering a luwF capacitor as an ex-
ample, a 50V/uS slew rate would require
an output current of 50 Amperes. It is
quite easy to see how difficult this be-

FIG.D FIG. E
10 T
E POWER AMP(200W/CH Stareo) {le
o THD AND IM VERSUS FREQUENCY
M= 173, 8F = 100 Hx.
I 1uF CAPACITOR LOAD
OUTPUT:200 VA + ™

i INPUTS s

$ (=) Q3
g LS
(=] - THO = jo—IM
= |
E
& o4
Q o «—THD, 80 a5
w o Q6
> o
o B
= -
@
e
2 o0
g5 ool

= ____///r7 Fig.E: Simplified IC op P d

F amp (301 or 741). active load.

»
0.001 Aldl i dl L1l S A b L L L4 LY
30 100 1K 10K 100K

FREQUENCY, Hz

ed look into this problem I have noted a
great many examples of this type of cir-
cuit which suffer from the same funda-
mental ill. Graphically the distortion
generated by such a stage. is shown in
Fig. C, the THD performance of a phono
preamp circuit in a currently popular
preamp. This circuit is severely slew
limited, and although capable of 10V @
1kHz would only produce 5V @ 20kHz, the
level at which the data was taken, The
measured slew rate was 0.65V/uS, which
agrees reasonably well with the bias
current and capacitance values,

My point here is that although the
amplifier circuit without capacitor
loading may have a high (and adequate)
slew rate by itself, it simply cannot
supply sufficient output current to
drive the RIAA feedback network to full
output at high frequencies. The result
is gross distortion at these frequen-
cies, in terms of both THD and IM.

The example in Fig. C is by no means
an isolated case; a great many widely
publicized "high performance" IC phono
preamps suffer from similar ills. Viewed
in this light, it is somewhat ludicrous
to tout a preamp circuit for high over-
load, high undistorted output capability
at a frequency of lkHz, if it cannot al-
so produce a similar output at 20kHz, As
we will see in the course of this dis-
cussion, one of the yardsticks which can
detect the presence of slew induced dis-
tortion is a high resolution measurement
of THD through the audio band up to
100kHz or so.

If the distortion level at full volt-
age output at 20kHz is low (on the order
of 0.01%), and within a factor of 2 or

.so of the lkHz distortion, the amplifier

is likely to be free of slew induced
distortion, and thus of the accompanying
intermodulation effects. On the other
hand, if the amplifier cannot produce
full voltage undistorted output at
20kHz, it is highly likely to be suffer-
ing from slew induced distortion.

Before departing the subject of phono
preamps and their susceptibility to this
type of distortion, I should mention
that Holman's poper, '"New Factors in

The Audio Amateur

Phonograph Preamplifier Design,"!®[see
also The BAS Speaker, Nov., Dec. '75 and
Jan, 76.--Ed.] gives an excellent dis-
cussion of testing methods for phono
preamps to detect this form of distor-
tion. This paper is required reading for
the audiophile.

The signal path is full of such things
as line amplifiers, tone amplifiers, and
equalizers. This generally very broad
area of signal processing can utilize
many different forms of circuit technol-
ogy, but some of the most efficient re-
alizations come about with the use of IC
op amps. A major portion of this article
will deal with a study of slew distor-
tion in IC op amps, with conceptual re-
sults which are equally applicable to
preamp, line amp, or power amp--indeed
any audio amplifier. First, however, let
me comment on slewing in the putput
stage of the power amplifier.

The final power output stage of ampli-
fiers is acutely sensitive to slewing
induced distortion, for several reasons,
First, the voltage swing is at its max-
imum level, because of the high powers
involved. A 200 Watt into 8Q amplifier,
for instance, must swing about 56 Volts
peak for full output. In terms of the
full power relationship, this would re-
quire a slew rate of 7V/uS for 20kHz re-
production. Since this rate would pro-
duce a 1% distortion at this frequency,
a slew rate for this power level should
obviously be several times 7V/uS.

Ideally, a slew rate which will result
in minimum slew induced distortion is on
the order of 0.5 to 1V/uS per peak out-
put Volt, In the case of the 200 Watt
amplifier this would imply a S6V/uS slew
rate, which gives you an idea of the se-
verity of the problem. (The rationale
behind the 1V/uS per peak Volt is ex-
plained in detail below.)

Given a power amplifier which could
slew at a rate on the order of 50V/uS
(which is no mean feat, by the way), it
should ideally be capable of this slew
rate into varying loads. In practice it
is one thing to build an amplifier which
can slew at 50V/uS into a resistor, and

comes when the accompanying high volt-
ages which must simultaneously be han-
dled are considered. Practical amplifi-
ers under these conditions will slew at
rates closer to 10V/uS.

Thus, we should clearly understand
that a power amplifier can be slew lim-
ited from one of two sources: either its
own internal compensation capacitance(s)
or from reactive loading which causes
the protection. circuitry to activate, so
limiting the output slew rate. Either of
these two conditions will severely dis-
tort high frequency waveforms causing
serious intermodulation products, which
will result in poor reproduction. I do
not ask you to accept these statements
as factual on faith; they may be readily
demonstrated by measured data.

Fig. D is a graph of measured distor-
tion, in the form of both THD and two
tone 1:1 HF IM. These are plotted in
percentages as a function of driving
frequency. This is also justified in the
IM case, as the difference frequency of
the two tones is less than 100Hz (1% or
less). The conditions are a 1uF pure re-
active load and a constant 200VA output
voltage level. The amplifier is a popu-
lar 200 Watt per channel unit, Slew rate
into this capacitance was measured at
SV/uS which corresponds to an fp of
14,2kHz,

In the case of THD, we may note that
it is 2% at the fp point but has begun
to rise far below this frequency. I in-
clude also a reference curve of an 8Q
resistive load THD at a 200 Watt level
which by contrast is less than 0.1% even
out to 20kHz, Some of the gentle upward
slope in this curve is probably slew
limiting due to the amplifier's internal
compensation, although some output stage
crossover conduction spikes are also
present. Note that both curves break
away from the LF plateau at a fairly low
frequency, about 2kHz.

The IM curve gives convincing evidence
for the slew induced distortion argu-
ment, demonstrating that low frequency
products at levels of several per cent
can be produced simply due to slew lim-
iting, Here the two-tone pair is swept
in frequency from 10 to 20kHz, and the
general shape of the IM distortion rise
is remarkably similar to the THD rise,
although less sensitive. This example



indicates a correlation between the two
methods of testing for this particular

distortion mechanism. Further evidence

of this correlation is indicated in the
op amp data to follow.

The two-tone 1:1 HF IM test is a par-
ticularly appropriate one for power am-
plifier tests, for several reasons., Al-
though not quite as straightforward as a
THD test it is still relatively simple
to implement compared to the sine/square
method or noise transfer test, and gives
reasonable sensitivity to this distor-
tion mechanism.

Extended range THD tests to 100kHz or
more at full output voltage level with
high resolution equipment can also reli-
ably indicate SID (and consequently TIM)
but are not desirable in power amps for
two reasons. First, they will cause a
very high stress on the output stage due
to storage time effects, with even pos-
sible destruction in some cases.

Second, as pointed out by othersi? 17
the harmonic distortion figures measured
will most likely be erroneous, due to
the natural rolloff with frequency of
the amplifier, Two-tone IM tests up to
20 (or 30) kHz do not stress the ampli-
fier output transistors nearly as much,
and since the products being measured
are reflected downward in the audio
spectrum there is no loss of accuracy
due to rolloff.

The two-tone technique is not new, but
has not been used to any substantial de-
gree in the U.S., particularly in ampli-
fier testing. I advocate the adoption of
the 1:1 two-tone swept HF IM test as a
standard technique for audio amplifiers,
at both power output and signal process-
ing levels. Future equipment tests in
this publication will utilize the tech-
nique, and work will also be initiated
on an instrument suitable for home con-
struction.

Some comments are appropriate here on
the overall problem insofar as power
amps are concerned. The more insight we
gain about the power amplifier slewing
problem, the more staggering the situa-
tion appears to be, Some of these prob-
lems, for example the high fidelity
drive into reactive loads, seem almost
insoluble with presently available tech-
nology. This article cannot really hope
to completely address the power ampli-
fier problem, and will not attempt to.
What we hope for is an overview of the
mechanism of slewing induced distortion
in its general form, and a fairly defin-
itive picture of how it can be measured
(and controlled) in low level amplifi-
ers, particularly IC op amps.

This article is the first of an on-
going series on audio amplifier distor-
tion; future installments may perhaps
more completely treat the power amplifi-
er case, Many of the points and measure-
ment techniques we will discuss are
equally applicable to low level and
power amplifiers, and as the narrative
progresses this will be underscored.

The Op Amp Slew Limiting Mechanism

Like so many other things, IC op amps
are used in audio in ways that are good
and bad. The outcome depends upon both
the user's viewpoint and his/her level
of understanding. Incomplete understand-
ing of the problems which arise in ef-
fectively applying IC op amps to audio
is in itself understandable: the range
of available devices is staggering. Yet,

certain general principles govern effec-
tive use of these devices, and designers
should at least understand these funda-
mentals. I attempted to examine some of
these problems in my AES paper,23which

1 later expanded into one chapter of my
first book4* and the audio volume de-
rived from it?®> However, this material
is no longer adequate, for two major
reasons.

First, many new, improved devices have
appeared since they were published, and
second, slew induced distortion warrants
a much more extensive discussion. SID in
audio circuits (particularly in op amps)
is probably the only major distortion
mechanism, if the design is a reasonable
one. This may sound startling, but the
cases to which this statement applies
are probably more numerous than many
people suspect. I am quite sure this
type of distortion causes many audio
circuits to sound bad, due to the nature
of their distortion products.

However (at least in IC op amps) SID
can be dealt with, using appropriate de-
sign techniques and fairly simple test
procedures, even with a minimum of
equipment, Op amp slewing rate problems
can indeed give rise to TIM, but I sus-
pect that an amplifier truly free of SID
will never have TIM. However, I am not
sure that a so-called "TIM-free'" ampli-
fier cannot have slewing problems. If
you consider the slew rate into reactive
loads, the amplifier will, of course,
generate IM as I have shown above.

In the testing part of this study, I
examined IC op amp slewing by closely
measuring the behavior of a large number
of devices, Out of this I developed a
predictive analysis technique showing
whether a given device would be free of
SID for a given application, as well as
several general criteria for slewing
specifications, for devices as well as
for circuits.

Slew induced distortion comes about
because of the nature of an op amp's de-
sign. It is a phenomenon that can prob-
ably never be completely eliminated, but
it can certainly be minimized to manage-
able proportions. To understand the ba-
sic mechanism, refer to Fig. E, a much
simplified diagram of a 301 or 741 IC op
amp (this general circuit is equally ap-
plicable to many power amplifier designs
as well),

This amplifier consists of an input
differential pair Q3-Q4 fed by a con-
stant current source, I.. The Q3-Q4 out-
puts are fed into a currfent mirror com-
prised of Q5-Q6, which converts the dif-
ferential output to single-ended form at
the base of Q10. QIO is the second volt-
age gain stage of the amplifier, and its
output collector voltage swing is buf-
fered by transistors Q12-Q16 before ap-
pearing at the output terminal.

This amplifier has an overall low fre-
quency voltage gain of 100dB or more,
and is compensated for unity gain sta-
bility by Cc, a Miller integrating ca-
pacitor connected around voltage gain
stage Q10. This capacitor causes the
voltage gain of Q10 to decrease at hjigh
frequencies, yielding the necessary
gain/phase characteristics for stability.

Because of the very high open loop
gain and the necessity for a stable
closed loop under feedback conditions,
the presence of Cc is a necessary re-
quirement, at least for a general pur-
pose op amp.

However, the presence of that frequen-
cy compensation capacitor has a very
serious effect on the amplifier's speed,
most notably its slewing rate, or output
voltage rate of change ability, Examin-
ing the diagram you can observe that the
right terminal of Cc sees essentially
the full amplifier output voltage (Q12-
Q16 being unity gain buffers). The volt-
age rate of change across this capacitor
(which is, in fact, the amplifier's slew
rate) is determined by the current into
it, which can only come from Q4 or Q6.
The maximum current Q4 can deliver is
IE’ under an input condition where Q3 is
filly off; the maximum current Q6 can
sink is again I_, when Q4 is fully off
(by virtue of “the current mirror Q5,
Q6). Thus the peak current into the ca-
pacitor is I for either charge or dis-
charge.

With simple capacitor current/voltage
relationships, we can express the volt-
age across Cc, which is the circuit's
slew rate.

I
_ AEo _ "E
SR = Tt " Ce Volts/second

In a 301 or 741 amplifier, I_ is about
15pA, and Cc is 30pF. Therefbre the slew
rate is 0.5 Volts per microsecond, This
means the amplifier can execute a full
scale output swing from +10V to -10V
(20V) in 40uS.

In terms of sine wave output signals,
there is the aforementioned equation
which relates SR to the full power (max-
imum p-p voltage) sine wave output fre-
quency, fp. In the case of typical op
amps, the specified peak output swing is
10V peak, for devices we will be dis-
cussing. For the 0.5V/uS slew rate men-
tioned above, the corresponding fp is
then

SR
fp=3 nEop

= 8kHz

Doesn't sound too encouraging, does it?
Actually in terms of a 20kHz full power
bandwidth, the SR would be 1.25V/uS,

Now we may look more deeply into this
slew rate limiting mechanism involving
the amplifier's input stage. In practice
op amps are intended to be used in con-
ditions of an ideal 50-50 current bal-
ance in the input stage, a state where
I, splits equally between Q3 and Q4. Un-
dér such a condition the differential
input voltage is near zero, recalling
one of our fundamental axioms (see ref-
erence 24, chapter 1).

Under changing conditions of common
mode input voltage, frequency, output
level, loading, etc., this condition
must constantly be maintained, if the
device is to function as an op amp. If
the input stage is not balanced, the in-
put voltage is by definition not zero,
therefore it is not operating as an op
amp. This condition can (and will) occur
when an input signal is applied which
exceeds the amplifier's slewing ability.
However, it can also happen to a lesser
degree, for signals which require rates
of change just below the slew rate, This
would also be an example of an unbal-
anced condition (but less than 100%).

In the case of a square wave input
with a rise time faster than the slew
rate, the input stage will toggle back
and forth between conduction states of
Q3 and Q4, as the loop attempts to fol-
low the fast square wave. Fig. Fa illus-
trates this effect. Note that during the
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slewing rate interval where the output
is ramping to a new level, very large
input differential voltages occur,
Again, by definition, the amplifier is
not functioning as an op amp during this
slewing interval.

The effect of a sine wave input is
shown in Fig. Fb. In the normal input/
output example, the input voltage is re-
produced as a reasonable replica (here
on a 1-1 basis). But, when a frequency
and amplitude combination is applied
which exceeds the slewing ability of the
circuit, the output becomes triangular
rather than sinusoidal in shape, as you
can see by the superimposed (dotted)
proper waveform shape. If we raise the
frequency, the amplitude would fall even
further, and become more triangular in
shape.

One highly interesting aspect of slew
rate limitation in op amps is not always
obvious, particularly if you just eye-
ball an output waveform on a scope. At
the full power frequency, fp, THD will
be on the order of about 1% (the exact
number varying, due to different fac-
tors). You can see this 1% distortion
rather easily by watching for the ramp-
like slopes on an output sine wave.

But what happens below fp? The distor-
tion does not just go away suddenly as
you lower frequency. By contrast it can
be significant at frequencies as low as
1/10 of fp. This is the real reason be-
hind this article. SID can be subtle,
and present in almost every op amp cir-
cuit.

If we examine Fig. E again and recall
the statements concerning the balance of
Q3-Q4, we can see that under slewing
conditions Q3 and Q4 are operating far
from ideally. Even at a frequency just
below fp Q3 and Q4 will by necessity be
swinging far beyond the 50/50 balance
point. In fact they will alternate be-
tween near 100% and 0% conduction of IE
at the slew limiting frequency. With
this situation, Q3 and Q4 will be gener-
ating gross amounts of odd order distor-

FIG. G +I5V
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Fig.G: Differential input stage model to
illustrate distortion generated,

tion, predominantly third harmonic. This
is the best way to identify SID in THD
measurements: watch for the appearance
of third harmonic components of distor-
tion,

To illustrate the seriousness of the
distortion generated in a differential
pair as a function of current swing, I
devised the test circuit of Fig, G. This
simple circuit uses a 3080 OTA as a dif-
ferential pair model which delivers an
output current into R3, a fixed load re-

sistor. The current set up in Rypc is

IABC’ which for our purposes is analo-

gous to I of Fig, E. The output current

of a 3080 is tIABC’ which is similar to

the 1IE output current of Q3-Q4 in Fig.
E.

A signal input applied to the circuit
at various levels allows the output to
be measured from near full scale output
current swings, downward. The results
demonstrate the problem impressively.
This should clearly illustrate the po-
tential non-linearities of an op amp as
it approaches its slewing rate limit,
Even relatively small imbalances in the
differential pair produce appreciable
distortion.

The slew rate of a given amplifier is
in no way directly altered by feedback.
Slew rate is a parameter independent of

IABG=4374A
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Fig.Fa: Response of op amp to a
square wave input,
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Fig.Fb: Response of op amp to a
sine wave input below and above
rate limiting.
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ouTPUT
Vo Alo THD
R3 (RMS)
R3 (Blpge) @)
= 3. 97 10
1.7 55 2.7
0.95 3 0.83
0.53 17 0.26
0.3 9.7 0.09
0.17 5.5 0.07

feedback, and will measure the same
whether tested open or closed loop. Ac-
tually to be completely correct, slew
rate can only be measured open loop,
since by definition causing an amplifier
to slew by excitation with a fast step
will open the loop momentarily, during
the slewing interval. But feedback, re-
gardless of whether it is 100% or 1%,
will not change the basic slew rate,
since slew rate is determined by I/C
relations.

While Fig. G has illustrated the non-
linearity of the differential stage open
loop, the matter can also be demonstrat-
ed in a different manner, quite simply,
and with little equipment,

Fig. H is a plot of the actual p-p in-
put error voltage of a 741 op amp, oper-
ated in a unity gain inverter. This par-
ticular connnection is a convenient one,
as the error voltage appears between the
summing point and ground, thus is easily
observed,

Although this error voltage is ideally
zero, in a practical amplifier with a
6dB per octave open loop rolloff it will
rise 6dB/octave with frequency. This
rise will be quite predictable at fre-
quencies below the slew limiting point.

In Fig. H the rise may be observed
from 500Hz to about 7kHz, where the
voltage begins to rise much faster. This
rise signifies the onset of slew limit-
ing, as the loop is forced to create
much larger error signals to swing the
input stage to greater percentages of
output, in charging the compensation
capacitor.

This test is not very sensitive, nor
does it yield quantitative data., It
does, however, quite simply demonstrate
the non-linearity and abrupt deviation
from predicted behavior associated with
slew limiting.

Although specific designs of op amp
input stages vary widely and take on
many forms different from the simple one
shown, a great many of them use bipolar
input stages without emitter degenera-
tion. It is this type of input stage
which is most susceptible to the non-
linear, voltage in/current out problem
which causes high distortion under slew-
ing conditions. The input transistors
can be either NPN or PNP, but if unde-
generated they will be highly non-linear
away from balance, or during slewing.

To raise slew rate in an op amp, ei-
ther I, must be raised or Cc lowered, If
the op amp is an externally compensated
type, and is to be used at a high gain,
Cc can be reduced, which raises slew
rate in direct proportion, However, such
a solution is not always desirable, or
possible. For instance, if the op amp is
used at unity gain, slew rate must be
increased by other means.
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Some op amp designs attack the problem
by various means of increasing I_, which
allows more current to charge Cc. This
is usually accompanied by the use of
emitter degeneration in the differential
pair, to lower transconductance. This
scheme is illustrated (in much simpli-
fied form) in Figs, Ial and Ia2. REl and
REZ are the emitter degeneration resis-
tors, and Q1-Q2 the input differential
pair. Since the use of RE1l and RE2 low-
ers the stage gain, I_ can be raised,
and thus slew rate is raised.

Another method uses input stage de-
vices with lower basic transconductance:
FET differential pairs, for instance,
illustrated in Fig, Ib,

In Fig. Ib, a P channel JFET pair is
the input setup, while in Ib2 PMOS de-
vices are shown. Both techniques lower
input stage gain directly, because FETs
have lower basic transconductance than
do bipolars, Thus I_ can be raised, in-
creasing slew rate,

Another technique uses "slew enhance-
ment" which dynamically increases IE
during the slew interval only, as
illustrated by Fig. Ic,

Here Q1-Q2 are the differential ampli-
fier pair which operate more or less
conventionally, for small signals. At
high slew rates additional current is
forced by the cross-coupled arrangement,
which "enhances" or raises slew rate,
The performance of all of these means of
slew rate improvement is discussed in
detail in the testing phase of this
study, coming next issue,

FIG. Ibl: P CHANNEL J FETS
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PREPRINTS ANYONE?

The editors of TAA are seriously con-
sidering offering preprints of the four
articles in Contributing Editor Walter
Jung's series, "Slewing Induced Distor-
tion in Audio Amplifiers". Part two:
Phase I Testing, Part 3: Phase II Test-
ing and Part 4: Listening Tests along
with this first part will, we estimate,
run to approximately 40 pages of text
and charts. For those who want to per-
use this important series as a whole
ahead of 1977 publication dates, the
cost will be $16.50 postpaid.

Those who are interested please make
checks payable to The Audic Amateur. If
sufficient orders are on hand by April
1, 1977 we will proceed with the proj-
ect. If not, checks will be returned.
The preprints, if produced, will be
mailed first class about April 20. Send
orders to: The Audio Amateur - Preprints

P.0. Box 176
Peterborough, N.H. 03458
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THE NOT-QUITE-PASSIVE RADIATOR

spectrum. He designed a simple cir-
cuit (which varies daily, so far,
and is apparently a long way from
optimum) which applies maximum
damping to the secondary radiator
(shunts the voice ¢0il) until the
amplifier power applied to the pri-
mary radiator exceeds a pre-set
point. He then raises the resis-
tance across the voice coil to per-
mit greater cone movement, thus
providing a transient signal which
is the sum of the output of the two
cones,

A similar approach assumes that
the first element of any transient
is positive: that is, the wavefront
is positive. If a diode/capacitor
circuit is applied to the voice
coil of the secondary radiator, it
is possible to permit free cone ex-
cursion on the '"downstroke,'" with
limited rate of travel on the re-
turn, thus utilizing!ihe secondary
radiator only a small percentage of
the time. Audible radiation would
take place only when frequency was
low enough to permit coupling be-
tween the two radiators, and then
only when the signal was in the
positive (ascending wavefront) por-
tion of the curve. Strong percus-
sives, then, might be reproduced
with considerably more realism than
otherwise possible.

It has been pointed out that the
susceptibility of any speaker to
this application can be easily
tested; an important point, as some
very low efficiency drivers are not
suitable. Simply rap the magnet as-
sembly while observing the cone,
first with an open voice coil and
then with a short (a 25¢ coin
reaches most terminals). The dif-
ference should be quite significant.

To Teduce duplicating experimen-
tation, keep a log and work on only
one of the several variables at a
time. Remember a nearly infinite
number exists of combinations of
components which can be added to
the circuit governing (or ''report-
ing on") the operation of the not-
quite-passive radiator.

If you decide to try this tech-
nique, good luck, be persistent,
and please share your information.

THE FOLDED, STAPLED BASS HORN
Continued from page 13

the Calrad and Radio Shack 5%
speakers, as they are inefficient
and yield poor bass response, The
speaker chamber can be modified to
contain a pair of 8" speakers (cut
off an inch of the cardboard at the
throat for extra depth if neces-
sary) or six 4" speakers, if de-
sired,

This enclosure is designed to be
both a quality low frequency speak-
er and a high quality midrange unit
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as well, with a useful range up to
3,000 Hz without the bother and ex-
pense of an additional crossover.
The horn itself does not radiate
much energy above 200 to 250 Hz:
it's sole purpose is to couple the
low-frequency mechanical energy of
the small drivers to the surround-
ing air, The horn part of this en-
closure is driven by the back side
of the speakers and works to re-
store the low frequency energy
which is normally lost through poor
coupling.

The midrange frequencies are di-
rectly radiated from the front of
the four speakers, which constitute
a small array. Several developed
mathematical models help explain
why an array can be superior, in
the midrange frequencies at least,
to just one of the speakers by it-
self. Whatever the ultimate rea-
son for this may be, the fact re-
mains that speaker arrays are quite
effective.

The 5" drivers are lightweight
and rigid enough to respond accu-
rately at midrange frequencies;
however, this is certainly not the
case at higher frequencies. The
cones are simply neither light-
weight enough or inertia-free to
follow the amplifier signal faith-
fully at the higher frequencies,
and should be crossed over to a
high quality tweeter at a maximum
upper limit of 3,000 Hz. Even
casual listening can detect offen-
sive intermodulation distortion in
the higher frequencies by the se-
vere ringing when playing a very
complex source such as choral
music. A single low-pass crossover
coil however, will limit the speak-
ers' response to the midrange fre-
quencies where they perform quite
well. (See next issue for a cross=~
over circuit.--Ed.) The grouping
of the four speakers becomes di-
rectional at frequencies above 1500
Hz, so that the ideal crossover
would be below that frequency,

Any good tweeter or tweeter-mid-
range will help out in the high
end, although the best complement
by far for this horn is a version
of the Heil driver which you can
construct for around $25. The de-
tails will appear in the next issue.

The speakers will be ideally
suited to a lower power amplifier
than what is commonly in use today,
as the enclosure increases the
efficiency of the speakers tremen~
dously. A twenty watt amplifier
should be sufficient to drive the
speakers to very high volume levels
while still having enough reserve
to do permanent damage. The en-
closure works best in a corner,
with the mouth about nine inches
from the wall, or if no corner is
available, the mouth should be
facing a wall 6% inches away.
placement will best utilize the

This

wall or corner as an extension of
the horn, further improving low
frequency coupling.

SLEWING INDUCED DISTORTION IN
AUDIO AMPLIFIERS
Continued from page 9

9. Leach, W.M., "Transient IM Distortion,"
Audio, February 1975.

10, Leach, W.M., "Build a Low TIM Amplifi-
er,' Audio, February 1976.

11, Leach, W.M., "Suppression of Slew Rate
and Transient IM Distortions in Audio
Power Amplifiers,' AES preprint #1137,
Fall Convention, 1976.

TEST METHODS:

12. Thomsen, C., & H. Mdller, '"Swept Elec~
troacoustic Measurements of Harmonic Dis-
tortion, Difference-Frequency and Inter-
modulation Distortion,' AES preprint
#1068, Fall Convention, 1975.

13. Jung, W.G., 'Let's Put Function Genera-
tors to the Test,' Broadcast Engineering,
December 1975,

14, McClain, E.F. Jr., "Intermodulation Dis-
tortion Produced by Out-of-Band Program
Components'® Journal of the AES, Vol 24, #2
March, 1976,

15, Jelsing, T., "Causes and Elimination of
TID," AES preprint #A~5, AES Zurich Con-
vention, March 1976.

16. Holman, T., 'New Factors in Photograph
Preamplifier Design,' Journal of the AES,
Vol.2h #k4, May 1976.

17. Leinonen, E., M. Otala, & J. Curl,
''Method for Measuring Transient Inter~
modulation Distortion (TiM),'" AES pre-
print #1185, Fall Convention, 1976,

0P AMPS:

18. Hearn, W.E., "Fast Slewing Monolithic
Operational Amplifier," IEEE Journal of
Solid State Circuits, Vol. SC-6 #1,
February 1971,

19, Kesner, D., "A Simple Technique for Ex-
tending Op Amp Power Bandwidth," Motorola
AN-459, May 1971,

20. Jung, W.G., '"New IC Approach to Audio
Power,'' Broadcast Engineering, October
1972.

21, Jung, W.G., 'Optimizing IC Op Amp
Speed,'" dB, The Sound Engineering Maga-
zine, January 1973.

22. Jung, W.G., "Improve Op Amp Audio Cir-
cuits,'" Electronic Design, Sept.27, 1973.

23. Jung, W.G,, ''The Pitfalls of the General
Purpose IC Operational Amplifier as Ap-
plied to Audio Signal Processing,' Jour-
nal of the AES, Vol.21 #9, November 1973,

24, Jung, W.G., IC Op Amp Cookbook, Howard
W. Sams & Co., 1974.

25, Jung, W.G., Audio IC Op Amp Applica-
tions, Howard W, Sams & Co., 1975.

26. Jung, W.G., "IC Op Amps for Audio,"
Parts |, ||, The Audio Amateur, l|ssues
#2, 1973 series, #1 and #2, 1974 series.

27. Solomon, J.E., ''The Monolithic Op Amp: A
Jutorial Study," |EEE Journal of Solid
State Circuits, Vol.SC-9 #6, December
1974,

L

THE AUDIO AMATEUR continues to grow

thanks in large part to:
Word of mouth--mostly yours to
your friends about the joys of
handcrafted, customized audio and
A friendly word--to your local
audio dealer for whom we have a
very attractive plan for helping
us find new readers. Please ask
him to drop us a postcard.Thanks.
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