Guest Editorial:
‘The Impossible Void’
Walt Jung

In this issuel AAbegins what is hoped to be an on going seriessinrtion and/or
imperfections in audio amplifiers. Fundamentalhis series (as opposed to so many
previous ones of the ho-hum variety) is the goalaricreteelectrical-audible correlation.
| feel (and I'm sure many of you agree) that ttinse someone really sat down and gave
this serious consideration, améAis the most logical frame of reference for such a
potential new insight.

As an audio magazin&@ AAis neither the glossy “never-bad review” consusiiek,
nor is it the cultist “be damned how it measurasjjsctive only publication. Both of
these two extremes are unrealistic, in differenses of the word.

On the surface, the mass circulation hi-fi publmas would seem to be much better
equipped technically to investigate such mattemsesrical/audible correlations, yet the
absence of any such work is obvious. Everyone séeims content to continue saying,
“Oh yes, there is still much that is unknown inttheea.”

On the other hand, the far out, so-called “high’emdwd tend to belittle
measurements as virtually meaningless. Typicatach comments as, “Specifications
are nearly worthless, as they do not yet relatausical quality."Whydo the equipments
which sound musical sound that wairatis the burning issue.

Are specifications useful, or aren’t they? It hagags been my firm opinion that
specs are worthwhile, as are subjective listerssgst But a yawning void divides the
two, and it is here that the work is needed. Notimthanges if members of each camp
continue merely to throw stones at each other.

The subjective reviewers need to make more measuntsnthe measurement types
need to do more listening. In other worlgd’'s get together on the common problem.

This series will attempt the “impossible”: bridgitigs gap. And it is really not
impossible, it just takes the right attitude, imgjgequipment, and a fair amount of sweat.
| think the article which begins in this issue vd#monstrate that the two areas can be
brought together, at least on one common point.

The subject of this first installmentsgewing induced distortiowhich | call SID. If
that sounds remote, please note that SID includesient inter-modulation (TIM) and
many other distortion buzzwords so much in vogasehdays. | believe SID is a broader
and more penetrating view of the distortion phenoonethan has been presented to date,
and | hope this article begins to vindicate theoflCamp in the minds of those who have
heretofore been convinced of its alleged “infetiofi



However, this article has other ramifications whgthfar beyond the use of IC op
amps. The concept of SID can, in general, be eridtal include all audio amplifiers
which use feedback. That takes in a lot of teryittwbes, transistors, and whatever! The
material will, 1 think, provide ample food for thght for many if not alTAAreaders.

Many things will doubtless evolve from this artickut one | feel should be stressed
here is the importance of more complete electtesting of audio amplifiers in these
areas. The articles will demonstrate that audibkeats in audio amplifiers can be tied to
slew rate- -but how many amplifiers are specifiedthis parameter? And how many
equipment reviews routinely test for it? The ansage simply too few, to say the least.

All of the above is not to say that SID is the osdyurce of bad sound in amplifiers
today. But it is a major one, and one which isffam being universally appreciated. The
subject is not altogether a simple one, eitheto asmderstand it you must be able
mentally to separate behavior of a feedback amplifnder transient or HF signal
conditions, for both small and large signal excumsi

However, although it may be less than crystal cdedirst, we trust this first article
will give you a beginning grasp of the phenomer®il is not at all mystical or nebulous
and can be measured quite directly and repeatither does it occur exclusively
during transient conditions, by any means. | hape gnjoy this and succeeding articles
and derive useful information from them- -inforneettiyou can relate to your own
experiences.

This material first appeared withihhe Audio Amateurissue 1/1977, page 3
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Slewing Induced Distortion in
Audio Amplifiers: Part |

by WALT JUNG
Contributing Editor

The Audio Amateur

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 written in
the past few years on transient inter-
modulation distortion (TIM) in audio am-
plifiers!=1L 15 17__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 obvious-
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 paper5 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, inherently,

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

IN—~ o OUTPUT
1////’*~—1I_c VOLTAGE
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: | - ImA = 1 x 1073,

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

INPUT

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/uS. 107v/S
would be equivalent to 10V/uS.

A constant current into a fixed value
capacitor will result in a linear, or
ramp-1like 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 tones.
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.dl.--
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
= 2n(14) (20000)
= 1,750,000 V/S (or 1.75 V/uS)
since SR = I/C, and using a C of 0.00SuF
the required charging current is

I = (SR)(C)

(1.75 x 108) (5 x 107%)
8.75mA
Now 8.7SmA 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 50mA 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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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 1lkHz 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 paper, 'New Factors in
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Phonograph Preamplifier Design,'l®[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 8 amplifier,
for instance, must swing about 56 Volts
peak for full output. In temrms 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 56V/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

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
5V/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,?3which

I later expanded into one chapter of my
first book<* 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 curfent mirror com-
prised of Q5-Q6, which converts the dif-
ferential output to single-ended form at
the base of Ql10. Q10 is the second volt-
age gain stage of the amplifier, and its
output collector voltage swing is buf-
fered by transistors Q12-Ql6 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 high
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 (Ql2-
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
1., under an input condition where Q3 is
fully off; the maximum current Q6 can
sink is again I_, when Q4 is fully off
(by virtue of “the current mirror QS,
Q6). Thus the peak current into the ca-
pacitor is IE' 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 = it " EE—Voltslsecond

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
2 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

fp =
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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 nmecessity be
swinging far beyond the 50/50 balance
point. In fact they will alternate be-
tween near 100% and 0% conduction of I
at the slew limiting frequency. With
this situation, Q3 and Q4 will be gener-
ating gross amounts of odd order distor-

FIG. 6 45y IABCs437:A
Ri 7 RABC i
SIGNAL 10K 2> 30K
INPUT 5
R2 6 - .
1008 3080 = QUTPUT
Vo alo THD
- R3 (RMS)
4 10K (314gc) (@)
= 3. 97 10
15V 1.7 55 2.7
0.95 n 0.83
Fig.G: Differential input stage model to g'§3 ]; g‘gg
illustrate distortion generated. 0"7 5'; 0'07

tion, predominantly third hammonic. 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 RABC is
IABC’ which for our purposes is analo-
gous to I, of Fig. E. The output current

of a 3080 is xIABC' 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
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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. RE1l and
RE2 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 Ql-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.
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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 Audio 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.O. 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 coil) 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‘%ﬁe 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 reduce 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

The Audio Amateur

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.
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Slewing Induced Distortion: Part 2a

Phase |: Total Harmonic Distortion Tests for SID

by Walt Jung
Contributing Editor

did not know what form of test
methods we would need to completely
identify, isolate and quantify slewing
induced distortion (SID). Granted, it is
readily observable on an oscilloscope
(when gross), but to what degree will a
percentage of "x" distortion be related
to so many V/uS? Or will total harmonic
distortion (THD) and intermodulation
(IM) tests be shown to be related to
slew rate? To each other?

Now that seems like a long time ago,
actually. I have observed a pattern all
through the course of my testing which
correlates slew rate to measured THD in
every instance where slewing is appar-
ent. Hardly an isolated phenomenon, SID
effects could be observed in all but one
or two cases out of the several dozen IC
types tested. Once I gained experience
with the testing techniques, performance
of devices which were tested late in the
study could be reliably predicted from
examining their specs.

As you will see when we get to phase
II tests, a further correlation can be
made between slew rate/THD tests and two
tone 1/1HF IM tests., Once again, as I
gained experience device performance
could also be reliably predicted for IM
tests, from either the THD results or
the data sheet spec (if sufficiently de-
tailed).

Although it's perhaps somewhat prema-
ture, I noticed in all cases that the
THD tests seemed to stress an amplifier
much more vigorously. I gathered similar
data from both tests in relation to slew
rate, but the THD tests were much more
demanding of an amplifier. THD showed up
faults more readily, and gave generally
higher percentages of distortion. This
is somewhat surprising, but probably
most welcome to many, because the THD
test method is so much simpler to use.

For the above reasons the bulk of the
data I gathered in my study (and that
presented here) is based on THD. It is
clear to me that SID can be reliably de-
tected by THD analysis, and that the re-
sults correlate well with other methods.

AT THE OUTSET of this study we really

Block Diagram

The THD test system is relatively simple
and consists of the equipment of Fig.I-1.
There -are two signal sources: a function
generator supplying fast rise time
square waves, and a low distortion sine
wave source. The square wave source is
used to observe the slew rate of the
unit under test (U.U.T.), in conjunction
with the oscilloscope.

The sine wave source provides the high
purity sine wave for THD tests, and may
or may not also contain the THD analyzer
Although in concept other gear could as
well be used, the Sound Technology
equipment conveniently supplies the re-
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quired resolution, range, and accuracy
in a single package.

Pertinent details of test set-up specs
are as follows: the sine wave source and
analyzer should have a residual distor-
tion of =0.002% over the range of 100Hz
to 10kHz, and as low as feasible up to
100kHz. The object is to make high reso-
lution, extended range THD measurements
at full output voltage levels, from
100Hz to 100kHz. The set-up must have
extraneous or spuriously induced noise
residuals of less than 100dB referred to
full scale, for good repeatability and a
high confidence factor.

The distortion products from the ana-
lyzer must also be made available for
monitoring, by one channel of a dual
trace scope, during THD tests. This en-
ables the characteristic third harmonic
distortion rise to be identified, pin-
pointing SID.

The square wave source should generate
a variable frequency in the range of 1
to 100kHz, but will most often be used
at- 10kHz. It must produce *10V square
waves into a 50RQ termination with a rise
and fall time of less than 100nS, pref-
erably 50. The square wave should be
free of overshoots, ringing or other fi-
delity shortcomings, as it will be used
to measure devices under test. I used a
Heath 1G-1271 function generator, but
many others are also satisfactory.

To begin a THD measurement on a de-
vice, we must first measure for slew
rate using the square wave source and
scope. Now at this point we must make
quite clear what is done, and just how
slew rate is measured in detail. Even if
it seems simple, bear with me. We have
pitfalls to avoid, as well as important
subtleties to note.

First of all, a measurement of slew
rate must be just that, a measurement of
the amplifier's output in a slew limited

operating mode. At low output levels the
output waveform from an amplifier should
resemble Fig.I-2a, which shows exponen-
tial rise and fall (characteristics of
an RC time constant). In the low signal
level range (1-2V) this shape will be
observed, but as we approach full out-
put, the output waveform will taken on a
linear rise and fall time, with ramplike
slopes, as in Fig.I-2b.

This slew rate limited condition is
best measured at full rated voltage
swing; for standard op amps this equals
$10V. The peak amplitude swings must not
be allowed to clip, as this may invali-
date the reading(s). If there is any
doubt whatsoever concerning possible
clipping (clipping of a square wave is
not always obvious), switch the function
generator momentarily to triangle or
sine, waveforms with peaks which will
readily display clipping.

Now to be accurate in measurements,
the scope (plus probe, if used) must be
a wideband model, with less than 50nS
risetime and 10mHz or more of bandwidth.
It must also have an accurately cali-
brated time base (as well as vertical
deflection), since slew rate is being
measured as voltage change per unit of
time.

In the course of testing op amps, many
different slewing waveforms will be not-
ed. The waveform of Fig.I-2b is ideal
and is drawn here for reference (if you
find one, let me know). Note that both
the up (+) and down (-) ramps of the
waveform are smooth, constant slopes and
precisely symmetrical. There are no ab-
errations such as overshoots or ringing.

In practice you more often see wave-
forms such as Figs.I-2c, I-2d, and I-2e,
There are all undesirable for various
reasons. Exactly why is covered below
under the discussion of various devices.

In making a slew rate measurement,
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Fig.I-1: Block diagram, THD test setup.
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Fig.I-2: Visual waveform differences,
and aberrations.

carefully adjust the starting position
of the waveform so that the beginning of
the slewing interval is aligned with the
left graticule marker (see Fig.I-3a).
Then adjust the signal level until the
vertical deflection is exactly 20V p-p.
Slow down the time base to ensure you
measure the 20V between the flat portion
of the square wave, and not any peaks,
dips, or other bumps which can occur
near the (+) (-) transitions.

With the waveform adjusted in ampli-
tude for the exact rated output, then
again speed up the time base for a con-
venient display of the slewing ramp (for
instance, 1uS/div) and recheck the be-
ginning of the slew interval for the
horizontal calibration point. Then read
the slewing time interval, At, as the
time from slew beginning to the crossing
of the peak voltage.

You may have some difficulty if there
are overshoots or other distortions. In
these cases extrapolate the end point of
the slew rate to where it would first
cross the peak deflection. This may be
necessary at either the beginning or end
of the slew interval.

Measure both (+) and (-) slew rates
(which may well be different) and note
their rates in V/uS. Two examples are
shown in Figs.I-3a and I-3b; in cases
where they are different, note this ac-
cordingly.

FIG.1-3
*
—‘\EOP+

1
—‘iA'!'_

a:
POSITIVE SLEW

]
—at—e

b
NEGATIVE SLEW

*AE = Eop* - Eop™

AE
SR = &+
Example: Eopt = +10V
Eop~ = -10V
At = 10uS
_ 10V-(-10V)
SR = 10uS
20V _
Tou5 = 2V/us

Since At is measured from Eop~ to Eop*,
this is positive slew, then
SR(+) = 2V/uS

For negative slew, use same basic ex-
pressions, but label accordingly.
Example: AV = 20V, At = 15uS

20V

SR(~) = 3n 1.3V/uS

Fig.I-3: Measuring slew rate.

The unity gain test circuit of Fig.
I-4 was used in all but a few cases for
meéasuring slew rate. Slew rate is meas-
ured with Rx open, in a unity gain in-
verting mode with x1 (unity gain) com-
pensation for the device being tested
(if an externally compensated unit).

Thus, the slew rate given with a devicés
data is the actually measured (not data
sheet) slew rate. Supply voltages are
%15V within 0.1%, unless otherwise not-
ed. Special cases of compensation are
noted on the data which follow, as well
as corresponding slew rates.

From the block diagram (Fig.l) you
can observe that the drive to the U.U.T.
comes through the buffer amp. Normally
this creates no problem in measuring
slew rate, as the 318 is one of the
fastest slewing devices available (over
60V/uS on the unit used) and will thus
create little additional error if the
slew rate of the U.U.T. is less than 15
or 20V/uS. In the case of a high speed
device (>20V/uS), the square wave can be
applied directly to the U.U.T. at a 10V
level (shown dotted).

The buffer amplifier, shown in Fig.Is5,
is necessary to elevate the output level
of the Sound Technology 1700B up to *10V
so as to be capable of driving unity
gain op amp circuits to full output. Its
10dB gain gives some reserve output ca-
pability beyond 10V (or 7V RMS).

The Al device is of critical impor-
tance, as any THD or noise generated in
this stage will be seen as an ultimate
resolution limit, if greater than that
of the Sound Technology. The device used
here must outperform all others being
tested.

Fig.I-6 illustrates the performance of
the 318 device used for the buffer amp
in all tests. The lower curve here is
the basic residual THD of my 1700B, from
100Hz to 100kHz. The rise in THD above
30kHz is due to SID in the 1700B's os-
cillator, by the way.

A 318 used in the buffer essentially
duplicates this curve, but with slightly
higher THD readings, due mostly to the
noise of the device, not actual distor-
tion. The 318 actually has less distor-
tion than the oscillator, but since they
cannot be separated, the composite curve
becomes the new reference residual dis-
tortion level. The 518 was also evaluat-
ed in this circuit and yielded results
comparable to the 318 in terms of speed
and low distortion, but with slightly
higher noise, as reflected in its curve.
Either device is usable for the buffer
function, but the 318 is preferred for
its lower noise floor and thus greater
potential resolution.

FIG.1-4 +15V
O.1uF
I0pF
10K 10K
1% N °
v > ;
, 2 00  OUTPUT TO THD
INPUT DRIVE 7 $100 METER AND SCOPE
tiov .’
1]
]
l §Rx*
— : =
= ! =
<+

*Rx is varied for different noise gains

as follows (with open noise gain is 2).
Noise Gain Rx
3 10K~
5 3.3K
12 1K
102 1009
Fig.I-4: Test circuit for slew induced distortion, 1000 .o1oa
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As noted in the conditions, I used
no filtering in the THD measurements,
due to the 100kHz range. Quite often
wideband noise limited the ultimate ac-
curacy of THD measurements at low fre-
quencies, but for the sake of consis-
tency all measurements are wideband,
even in view of this apparent sacrifice.
Ultimate THD below lkHz is hardly likely
to be SID, so this is not a serious com-
promise.

The importance to SID detection of the
extended range (1kHz through 100kHz)
cannot be over-emphasized. This measure-
ment must be done to lend any validity
to conclusions. Single frequency spot
THD measurements, which have been re-
ported as 'uncorrelated,' are a gross
oversight at best, and are simply not
comprehensible as an objective analysis.
The goal is to paint a picture of rate-
sensitive distortion, and extended range
THD is the means.

As you can note from the Fig.I-4
U.U.T. test circuit, we use the invert-
ing mode at unity gain unless otherwise
specified, and at the device's full rat-
ed (£10V) output. The use of inverting

FIG 1-6
(X9~
F 7EST CIRCUIT RESIDUAL DISTORTION: ADSIS
[ ALSO THD VS FREQ LM318, ADSIS Lu3ie
[ 0SC TAKEN @ 2.2 VRMS LEVEL,
THD, | AMPLIFIERS IN 10dB BUFFER STAGE, sc
* 7VRMS (£10V) OUT ALONE
[ NO FILTERING USED iN 17008,
VS 215V, 10K LOAD
PP S T T IV S A S S VYV
Q00! 55 W oK 100K
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mode eliminates contamination of meas-
urements due to common mode distortion
which appears in the non-inverting con-
nection. The unity gain compensation
gives the worst possible case for slew
rate, the one most likely to generate
SID.

One might argue that the high feedback
of the unity gain connection can mask
the level of SID, but in practice this
is not the case. As it turns out, if
slewing distortion is present it be-
comes woefully apparent without great
efforts at detection. In certain cases,
higher stage gains are set up by reduc-
ing the feedback around the U.U.T. by
means of Rx. Noise gains higher than
that of two for the standard case are
illustrated in the table.

Test circuit input and feedback resis-
tors are 10k, to minimize the loading of
both the buffer and the U.U.T. If addi-
tional distortion were to be generated
due to U.U.T. output stage non-linearity
or loading effects, it would be diffi-
cult to-separate from SID. Thus minimal
loading is used, to maximize sensitivity
to SID (only) detection.

I am certainly aware that both the in-
verting-only connection and the minimal
loading stipulations for this test are
somewhat unrealistic, in a practical
sense., However, as the two forms of dis-
tortion which we eliminate by these are
to be covered in a separate study, I be-
lieve these procedures are much more de-
finitive in isolating SID. Indeed, to
test otherwise it would be difficult (if
not impossible) to positively identify
the distortion source(s).
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OUTPUT TO UUL.T.
WP TO 10V

FIG.I-5 +I5V
6 0.1pF
I10pF =

3.16K 10K

1% 1%
INPUT FROM 310048
SOUND TECHNOLOGY
MODEL 17008

-I15v

Fig.I-5: Buffer amplifier.

Test Results

A good way to begin discussing test re-
sults is to examine slew induced THD at
various levels in a popular IC type (the
741). See Fig.I-7.

Since slew rate is a measure of the
output rate of change, it follows that
either frequency or peak amplitude can
be used as the variable (with the other
held constant) to examine its nature.
Fig.I-7 shows the peak amplitude and
frequency relationship and the resultant
THD, for a 0.5V/uS slew rate device.

As might be expected, the 7V RMS (or
+10V) output level curve shows the worst
distortion, as it occurs lowest in fre-
quency. At lower levels of 2V and 1V RMS
the distortion curve retains the same
general shape, but is pushed upward in
frequency. This curve shape is a classic
one, and also one which we can immedi-
ately recognize as resulting from SID.
It will recur repeatedly throughout this
study, for almost every device examined.

The curves are so similar in shape
that you can predict the 1% THD inter-
cept point from the ratio of amplitudes,
almost exactly. PRr instance, the 7V RMS
curve crosses at 8kHz, the 2V RMS curve
at 25kHz. These ratios (7/2 and 25/8)
are nearly the same. This also holds
true for the 2V and 1V RMS curves, as
well as many others, as we will see in
due course.

It might be argued that reducing the
output level of a low slew rate device
(such as the 741) will allow it to be
used in audio circuits, such as for ex-
ample the 1V RMS curve (a typical line
level). However, the device can still
generate serious distortion on signal
peaks at high frequencies, as is evident
by the 2V curve and will be further dem-
onstrated by the IM tests. Bear in mind
also that this is a unity gain condi-
tion: higher gain (more practical) cir-
cuits blacken the picture much more
severely.

Fig.I-8 shows the variability of slew
rate and resultant THD for samples from
three different 741 vendors. The slew
rates are 0.5, 0.8, and 1V/uS; the re-
sulting curves are similar to those of
Fig.I-7 in general, although in this
case all are taken at *10V out. We must
expect such variability in IC op amps.

A dramatic demonstration of how SID
can limit audio frequency performance is
contained in the data of Fig.I-9. These
curves represent measured performance of
the 0.5V/uS slew rate 741 sample, which
is a device close to the "typical" slew
rate spec. These data demonstrate just
how such a device would perform in typi-
cal higher gain circuitry.

*
A1=LM3I8 (PREFERRED)
OR AD 518

The lower of the three curves (#1)
shows the same data as contained in Fig.
I-7 (for 7V RMS), repeated here for ref-
erence. The second curve is for a noise
gain of 12, while the third curve is for
a noise gain of 102.

While curve #1 is certainly poor per-
formance if considered alone, it is
"good," relatively speaking. The op amp
feedback mechanism here is attempting to
reduce the strong third harmonic being
generated due to slewing.

Curve ##2 and 3, which are taken with
progressively less feedback, therefore
show much higher distortion, due to less
correction. These two curves, particu-
larly #3, show performance which can
hardly be considered adequate for any
audio use of reasonable quality.

Note the data are only plotted up to
8kHz; distortion would be even worse
above 10kHz. Curve #3 appears to indi-
cate a decrease in distortion above SkHz.
This is misleading, since the distortion
is still being generated, but the har-
monic product percentage is reduced by
the rolloff of the amplifier, due to its
3dB bandwidth of 10kHz for this feedback
condition. In reality distortion is even
worse than is evident here.

While this example is rather gross in
terms of performance, it is not at all
uncommon to see 741 (or comparable slew
rate capability devices) specified for
audio use. This should only be done if
the output signal levels are maintained
to very small peak levels perhaps a fac~
tor of 10 (or more) below the conditions
of Fig.I-9 and if the required band-
width(s) are narrow and/or the gains low
(high feedback factors),

FIG.I-7
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In short, it would be much safer (and
wiser) to relegate the 741 and other low
slew rate (<1V/uS) devices to voice
grade and other low accuracy, poor fi-
delity applications where its shortcom-
ings are less of a hazard, and true op
amp predictability is not a prerequisite.

One method of improving an op amp's
slewing capability (and consequently its
final distortion parameters) is to cus-
tom compensate it for the exact working
gain to be used. As should be painfully
obvious, not only does a low slew rate
in an internally compensated unit create
large distortions at low gains, the sit-
uation becomes progressively worse at
higher stage gains, as shown by the 741
example.

It may come as a surprise to some, but
slewing rate restrictions in an amplifi-
er compensated for unity gain conditions
can be such an overriding limitation
that in many cases the net situation can
be improved by operating at a higher
gain (and higher slew rate), with less
overall feedback. This fact is demon-
strated using three different IC ampli-
fiers as examples, beginning with Fig.I-
10. The data derived from extended range
THD tests on these amplifiers also illus-
trate several other factors of distor-
tion performance. The implications are
highly inportant for drawing correct
conclusions in a given situation as to
the nature of distortion observed.

The first example is the 709, a noto--
riously slow amplifier with unity gain
compensation, as its slew rate is only
0.2V/ S. This is even slower than a 741,
and the 0.2V/uS (x1 comp.) curve (A) of
Fig,I-10 demonstrates just how severe
the slew induced distortion is at only a
few kHz. However, being an externally
compensated unit, the 709 can be adjust-
ed for optimum compensation, that is,
compensation to match the actual working
gain.

With x10 compensation, curve B, the
device slews at about 2V/uS, and the be-
ginning of the almost vertical slope of
this curve (which indicates severe SID)
is pushed out to about 20kHz. Note the
absence of an obvious rise in low fre-
quency distortion, as the real LF dis-
tortion below lkHz is masked by noise.
This curve's slope from lkHz to 20kHz is
more gradual, compared to the slew lim-
ited area above. In this region the
feedback loop is attempting to correct
qQther distortions in the device, most of
which is the crossover distortion due to
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its class B output stage. The gentle up-
ward slope is due to the open loop band-
width rolloff of the 709.

Curve C, x100 compensation and noise
gain, illustrates performance which is
not dominated by slew limiting at all,
but reflects further the open loop band-
width rolloff, and higher rise in dis-
tortion due to progressively less feed-
back.

My point is that although the feedback
has been reduced by a factor of 100 from
the first to third curves, we see no
corresponding x100 increase in distor-
tion. To the contrary, distortion is ac-
tually reduced due to slewing improve-
ments over most of the range, and at low
frequencies where slewing is not a fac-
tor, rise is less than a factor of
three-to-one in degradation.

An amplifier such as the 709, if
skillfully applied, can be an effective
performer due to its excellent mainten-
ance of gain-bandwidth with differing
compensations. Unfortunately, the 709's
class B output stage generates quite a
bit of crossover distortion, particular-
ly at high frequencies, and this can be
one of its ultimate limitations. Newer
devices free of this defect can be more
effective.

The 301A can also be custom compensat-
ed, and in some ways is more attractive,
as it only requires a single compensa-
tion capacitor where the 709 needs three
components. You can go only so far with
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"'opening up" the bandwidth, however, be-
cause the unity gain capacitor is only
30pF. Generally speaking, the larger
this capacitor, the more you can do with
it by way of reducing its value, thus
increasing bandwidths and slew rate.

With the 301A sample plotted in Fig.I-
11, the unity gain slew rate was 0.9V/
uS, which shows the characteristic slew
rate limited rise beginning at a few
kHz. With x10 compensation, curve B,
this effect is pushed upward in frequen-
cy where it shows similar shape, the 7V/
uS curve. Note the low frequency distor-
tion is still quite low, and there is no
rise at middle frequencies as with the
709. Curve C, x100 compensation, is not
a stock trick for the 301A; it was done
in this case by using a 1pF or so twist-
ed hookup wire '"gimmick" (four turns of
insulated #22 about 3' long) wired be-
tween pins 1 and 8. Also, pin 5-of the
IC must be snipped off at the body to
reduce its positive feedback, which will
otherwise limit stability.

These data show somewhat higher dis-
tortion at low frequencies (actually
noise) but without gross slew limiting,
just a bandwidth rolloff increase in
distortion. It is apparently greater
than 6dB/octave at HF, due to lack of
feedback to suppress the remaining slew
induced distortion. For this device,
both the x10 and x100 compensation per-
formance are reasonable for modest accu-
racy applications, certainly a-far cry
from a 741 or 709!

The NES540 power driver amp excels at
high gains because of an inherently high
slew rate and bandwidth. (Don't confuse
it with the abp540, a different device I
discuss later.) This unit is an excel-
lent example of an IC with good audio
characteristics, and also aptly illus-
trates the effectiveness of custom com-
pensation. See Fig.I-12,

Compensated for a x10 gain, the NE540
has a slew rate of 4V/uS. Its perform-
ance for this condition is not too spec-
tacular (but not totally unreasonable
either) and it becomes slew limited at
40kHz. For the x100 compensation, howev-
er, the slew rate is more than 20V/uS
and, as the curve shows, there is no
slew limiting whatsoever, just a band-
width rolloff related distortion rise
above 10kHz. The NE540 tan also operate
uncompensated, at a gain of 60dB. At
this level distortion is of course easi-
ly measurable, about 0.15% below 10kHz.
Still, this is very respectable perform-
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ance in view of the high gain, and the
device will slew at 100V/uS for this
connection.

To give further insight and under-
standing of the interaction of slewing
and gain rolloff related distortion,
Fig.I-13 is an open loop plot of the NE-

“540's gain and THD. At low frequencies,

the open laop gain is 93dB, and the open
loop bandwidth is slightly more than
10kHz. Open loop distortion is quite
flat, at about 3.3%. Above SkHz gain
rolloff invalidates measurements.

If we compare these findings to those
in Fig.I-12, the bandwidth rolloff at
10kHz in Fig.I-13 corresponds to the up-
turn in THD at the same frequency, in
Fig.I-12's gain of 1000 curve. Further,
the distortion measures 0.15% which is a

‘ratio of 22 with regard to the open -loop

distortion of 3.3%. With feedback, the

:NE540's open loop gain drops 6dB (to

87dB), due to the loading effect of the
10K feedback resistor on the device's
open loop 10K output impedance. Thus the
actual feedback is 87 - 60dB, or 27dB, a
ratio which is almost exactly equal to
the measured distortion reduction.

This point may seem belabored to some,
but I stress it here because in so many
instances you cannot predict closed loop
distortion as readily, as for instance
in the gross effects caused by slew lim-
iting, which can confuse the issue to
the point of frustration.

From this information you could also
extrapolate the true THD at low gains;
at the x100 compensation the measured
0.015% also agrees well. The x10 compen-
sation does not precisely agree, as it
predicts a distortion of 0.0018% and .

-0.003% was measured. The minor differ-

ence is due to noise and measurement
resolution limitations.

An effective distortion reduction
technique with an amplifier whose band-
width can be '"opened up" (such as the

.NE540) is what is popularly called "in-

put compensation.'" This is nothing more

“than an RC network across the amplifier

input terminals which forces the feed-
back loop to a high gain level, at high
frequencies -only. It does not (as some
authors have implied) 'roll .off'" the in-
put signal, as the network is applied
differentially, between the (+) and (-)
terminals.

In simple terms, this technique allows
a very high loop gain at low frequen-
cies, and a correspondingly high slew
rate. The slew rate is, in fact, one
which would accompany the compensation
appropriate for gain level of the net-
work, such as 40dB.

To illustrate the effectiveness of
this technique, I applied input compen-
sation to the NE540 (with values chosen
as outlined in my IC Op Amp Cookbook ,2*
p.285). This is a x100 stage insofar as
compensation goes, but unity gain for
signals. Therefore at low frequencies .
almost the full open loop gain is avail-
able for feedback (minus only 6dB). Here
the feedback would be 81dB, thus the
distortion should be 0.0003% or 3ppM
(parts per million). It measures a great
deal higher, of course, due to the noise
components generated by the large HF
gain. Much of this noise is out of band,
however, and therefore not audible (al-
though measurable). If you examine the
distortion curve for this operation you
can see that it curves upward above 10k,
the point where the feedback is dimin-
ishing, thus allowing distortion to rise
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Input compensation is applicable to
(and effective with) any adjustable com-
pensation amplifier which can (or must
be) compensated for high noise gains.
This includes the devices just discussed
as well as many others, and also some of
the newer ''decompensated' op amps. A
decompensated op amp is simply one which
is stable at some minimum gain higher
than unity, such as x3, x5, x10, etc.
Several examples of this type of op amp
are shown in the data which follow, and
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they are generally capable of much high-
er slew rates.

As we saw with the 741 data, the range
of slew rate variability is fairly wide
(as is the consequent audio performance)
among products of various manufacturers
of a given device. Even a specific manu-
facturer's device will have tolerance
variations in a single lot and more sub-
stantial variations between dlfferent
"runs "

For the 301A, as compensated for unity
gain, the vendor-to-vendor variation is
illustrated by Fig.I-14. The two samples
have slew rates of 0.7V/uS and 0.9V/uS.

Again this generates the characteristic

slew limited distortion curve, slightly
separated due to these differences in
slew rate.

However, the 301A is unique in that it
can also be operated in a feedforward
mode, in inverting (only) applications.
This type of operation yields a much
higher slew rate, specified as 10V/uS.
The devices tested here both had slew
rates (in the feedforward mode) of 13V/
uS. This is sufficient to allow truly
exceptional performance, as the THD is
very low, being only slightly in excess
of the source residual.

This class of performance is what we
should all be seeking for high quality
audio circuits. Use of the 301A for this
operation is particularly attractive be-
cause of the circuit simplicity, and of
course the unit's basic economy. It is
highly suitable to summers, mixers, buf-
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fers, multiple feedback filters, and
other inverting type audio circuits.

The 301A serves well to demonstrate
another aspect of the slewing induced
distortion problem, in Fig.I-15. The de-
gree of slewing distortion generated in
a given op amp is closely related to the
symmetry of the positive and negative
slewing rates. Ideally, they should be
as nearly identical as possible, to pro-
duce predictable results. Usually, most
IC op amps are fairly good in this re-
gard, but we cannot assume it to be a
general rule for two reasons. First,
manufacturers rarely specify slewing
rate as more than a typical parameter,
and they never specify it for symmetry.
So you really have no control over it
whatsoever, other than your own knowl-
edge of a given manufacturer's product.

Should a device have a basic "built-
in" asymmetry, it will never yield as
low a distortion as even a slower device
which possesses good symmetry. One prime
example of this is the 356 op amp which
slews with a 2/1 asymmetry (which can
also vary). Although it is a reasonably
fast device with a slew rate of 15V/uS,
it is easily bettered by several slower
devices (as will be shown).

To demonstrate the sensitivity to slew
rate symmetry, I set up a 30l1A in a x1
compensated test circuit, but with a
variable DC bias current injected into
the input stage's current mirror, pins 1
and 5. It has been generally observed
that op amps which employ a current mir-
ror in the first-to-second stage inter-
face (see Issue #1, 1977 series, p.6,
Fig.E) can often be trimmed for slew
rate, by altering the static DC bias in
the current mirror sides.

If slewing is to be completely symmet-
rical the current gain of the mirror
stage should be unity, so as to deliver
equal charge and discharge currents to
the compensation capacitor. With the
301A, for instance, the slew rate can
not only be trimmed to a nominal (+) and
(-) match, but symmetry can also be al-
tered to a range of 2/1 or 1/2 (or even
more) .

Fig.I-15a shows the result of this in
terms of THD. Note that the two asymmet-
trical slewing cases show a much higher
distortion than the symmetrical case; at
2kHz, for instance, the difference is as
much as an order of magnitude. Also the
distortion breaks away from the residual
noise level at a much lower frequency
for asymmetrical slewing.
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A similar test on a completely differ-
ent op amp shows results which are re-
markably similar. In Fig.I-15b a 2620
was compensated with a relatively high
capacitance (330pF) to yield a basic
slew rate identical to the 301A case,
and symmetric/asymmetric data taken. The
general character of performance is vir-
tually identical to the 301A.

With either of these devices (and oth-
ers which show this (%) slew trim capa-
bility) a distinct dip can be observed
in THD as the slew rate is trimmed for
symmetry. Generally, this can be accom-
plished via the device's offset trim
network, but there may in some cases be
minor differences. Note, however, that
this method of trimming slew rate will
not necessarily result in lowest DC off-
set; in fact, it will most likely com-
promise the DC offset.

Why the slew rate needs to be symmet-
rical for lowest distortion may be intu-
itively appreciated if the overall feed-
back loop is considered for signals in
the slewing region. If slew rate is a-
symmetrical, the feedback loop (in at-
tempting to maintain a constant output
voltage) will force the input stage into
an unequal (+) and (-) deviation from
balance. An asymmetric slew rate may al-
so be viewed as unequal positive and
negative going gains, which result in
unbalance. If we monitor the summing
point with an oscilloscope during asym-
metric slewing we can see that the error
voltage will have a parabolic waveshape.
shape.

Asymmetric slewing produces even order
harmonie distortion, whereas symmetric = °

slewing produces odd harmonic products.
Watch the distortion products during
slew trim and you'll see the even order
ones go to minimum as slewing becomes
symmetrical, Symmetric slewing optimizes
utilization of the input stage's trans-
conductance curve, so as to generate the
least objectionable (non-zero, but mini-
mum) combination of distortion products
as a result of slewing conditions.’

Although slew trimming of an amplifier
is impractical for general use, the
point is the sensitivity of this parame-
ter to symmetry. In evaluating an ampli-
fier, pay close attention to the symme-
try of the slewing, as well as the basic
rate. This caution applies to all audio
amplifiers (not just op amps) and the
testing of this parameter should be a
standard procedure for audio circuit
evaluation.

PR GHOMMABLE OF AMP
iwge ey

VBRI b i
BRI NVERTER, !

e ! /
- /
- /
/ /

T A
coib / /
: S
AL
Qo el N i 1 I Ci i
S0 100 1K 0K 100K

FREQUENCY, H:

It may have already occurred to the
reader that,using these insights, ampli-
fiers could be ranked according to their
slew rates. To some extent this is true,
but it is not a completely all-inclusive
statement, due to other factors.

Generally, if the slew rate being con-
sidered is 2V/uS or less the statement
about ranking is true. In this range,
bandwidth is not a great factor at all,
as demonstrated by Fig.I-16.

The first four curves here are for
different devices, and their major sep-
arating factor is slew rate. The 0.5V/uS
741 curve is for reference; following
this are a 1V/uS 4136 curve, a 1.6V/uS
HA4741 curve (not to be confused with
the MCc4741), and a 2V/uS 4136. Clearly
these devices at least can be ranked by
slew rate alone as far as performance is
concerned.

The 4136 samples are an interesting
point; the 1V/uS unit is an original
source unit (an RC4136) selected for a
close-to-spec. slew rate. The 2V/uS unit
is an XR4136, a second source improved
4136, a design which features signifi-
cantly higher slew rates. The HA4741's
spec. is 1.6V/uS so it is right on the
money, as being typical. This is, inci-
dentally, the same spec as the XR4136.

Another method of demonstrating how
slew rate can completely dominate the
distortion characteristic of an op amp
is to generate a family of curves which
show varying degrees of distortion ver-
sus frequency, for various slew rates
using a single device, with fixed unity

- gain compensation. This effect is shown
_ in Fig.I-17, actually the same sort of

information for two different op amps,
which have different slew rate capabili-
ties, but can be made to overlap. The
two deyices chosen are programmable op
amps, a device operational feature which
allows slew rate to be selected by ap-
propriate bias, and a family of THD vs.
frequency curves generated (for each de-
vice). Input stages of both devices are
undegenerated bipolar types.

Fig.I-17a shows three distortion
curves for a 3080, set up for slew rates
of 0.05, 0.15, and 0.5V/uS, respective-
ly. For this test I selected a 3080A de-
vice from several for symmetrical slew
rate, and used a 3140 unity gain follow-
er to buffer the high impedance output
node of the 3080A. (For details see my
IC Op Amp Cookbook,2" p.448,)

Interestingly enough, these three
curves are, to all intents and purposes,



identical in character, and are also
precisely separated in frequency by the
ratio of slew rates chosen, 10dB in this
case., Since the 3080 is a linearly pro-
grammable device, one can generate an
infinite number of these curves for it.
Thus within the bounds of device per-
formance, the designer may choose his
limiting THD curve by adjusting slew
rate.

The 2720 operates similarly but has a
decade greater slew rate capability.
Fig.I-17b traces its performance for ad-
justed slew rates of 0.5, 1.6, and 5V/uS.
The curves are very similar to those of
the 3080A, and they also occur at 10dB
frequency separations, again in direct
proportion to the slew rate(s). The two
0.5V/uS curves in I-17a and I-17b are
decidedly similar, though measured from
two different devices. Data from these
two amplifiers for these conditions show
that slew rate is the primary determin-
ing factor in producing distortion. It
also indicates that only when a device
has a slew rate of several V/uS does THD
become very low (<0.01%) across the
whole audio bandwidth. The inescapable
conclusion: slew rate is one of the ma-
jor criteria of device performance for
audio applications.

We may now assume that if slew rate is
sufficiently high, distortion will be
negligibly low, but this reasoning does
not apply in every case. Fig.I-18 demon-
strates that we must qualify a general
statement of this nature in terms of
specific device characteristics, as
there are exceptions where distortion
performance cannot be totally predicted
from specified slew rate.

These data show similarly based dis-
tortion performance for ''slew enhanced”
op amps, typified by the 531, 1741S,
535, and 538. Such slew enhanced op amps
utilize a class B input stage to dynami-
cally increase the charging current of
the amplifier's compensation capacitance.
While this technique prevents total slew
limiting and the resulting several per-
cent distortion, it is not a panacea for
low audio distortion. The class B mecha-
nism, however, is only active at rela-
tively high input levels; thus the low
level SID of a slew enhanced op amp will
be quite similar to an unenhanced device
with a comparable (unboosted) slew rate.

You can observe this factor first in
the data for the 531, which exhibit an
initial distortion rise as the onset of
complete slew limiting is approached.
The device plotted here, for instance,
appears to be similar to a conventional
1V/uS device in the shape of its initial
distortion rise, i.e., the distortion
below a 0.1% level.

Distortion rises with increasing out-
put rates of change, until the class B
current boost mechanism is actuated;
then it levels off, even dropping some-
what, As frequency is increased further
it remains substantially the same (but
not constant). These behavior character-
istics can be noted in the data of both
the 531 and the 535, as well as the
1741S, At audio frequencies, the 535 and
1741S are nearly identical.

As a demonstration that distortion
performance cannot be accurately pre-
dicted with a slew-enhanced device: the
531 has a 30V/uS slew rate specification
while the 535 and 1741S specs. are 15V/
wS and 12V/uS. Yet in terms of measured
performance the 535 and 1741S are both
appreciably better. The reason? Their

FIG.I-18
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basic (unenhanced) slew rate is faster
than the 531 (at least for the samples
tested here) and this parameter deter-
mines distortion performance below the
class B trigger level.

Fig.I-18 also plots the 538, a decom-
pensated version of the 535, suitable
for working gains of five or more. Since
slew rate can be improved by the factor
of compensation reduction, the 538 also
features a x5 greater basic slew rate.
As a result it will exhibit a low dis-
tortion characteristic to higher fre-
quencies than will a 535, evident in the
535's curve.

The increase in frequency for a given
distortion level is not exactly five
times (as might be initially assumed),
because the device must be used in a x5
gain condition which results, of course,
in less feedback, and subsequently a
somewhat higher measured distortion.
Nevertheless the 538 is a substantial
improvement over the 535, and is there-
fore a more attractive device.

An interesting proof of the validity
of the higher (unenhanced) slew rate's
value is shown in the performance of the
531 for a x10 compensation. This curve
(Fig.I-18) is moved outward in frequency
due to the smaller compensation capaci-
tance and thus higher basic slew rate,’
This re-emphasizes the points made above
in the discussion of variable compensa-
tion devices.

The S530A is one of the better perform-
ing devices shown in Fig.I-18, a more
recent design which features improved
input stage linearity and greater speed.
Its performance is on a par with the x10
compensated 531 or the decompensated
538, but the 530A is a unity gain stable
device,

As a group, slew enhanced devices can
be effective in reducing slewing induced
distortion, but on an absolute basis not
as much as devices which increase slew
rate by more direct means. The class B
mechanism,in itself a non-linear effect,
can (potentially at least) be a source
of additional distortion. The most at-
tractive devices in this group are the
decompensated 538 which is reasonably
clean at gains of five, the 531 (an ex-
ternally compensated unit) which can be
custom compensated for high stage gains,
and the 530A, a faster, more linear uni-
ty gain stable device. Any of these
units will be much cleaner if applied
following the basic ground rules which
minimize the approach of slew limiting.

The IM testing data which follow will
give further insight into this conclu-
sion, which is also supported by the
outcome of the IM tests. However, while
performance of unity gain slew enhanced
devices can be exceeded by many other
devices which are basically faster, keep
in mind that even a slew enhanced device
such as a x1 compensated 531 or a 535 is
better than a 741 (or other <1V/uS slew
rate device), since they avoid gross
slew limiting,

Decreasing the transconductance of the
input stage is a highly effective means
of increasing a device's basic slew rate.
A number of circuit techniques will ac-
complish this goal, but two of them
yield outstanding measurable results in
audio application.

The most direct method substitutes
lower transconductance input stage de-
vices, for example P channel JFET's or
PMOS units, operating differentially and
drain loaded. A bit later we'll discuss
the performance of three designs which
use this approach.

Another technique, which can be em-
ployed in virtually any op amp, uses
emitter degeneration resistors. Design-
ers have employed it in a large number
of devices, the 318 and 518 being the
most outstanding (fastest) examples.
Emitter degeneration in a bipolar ampli-
fier has drawbacks, however. The in-
creased emitter current requires buffer-
ing to maintain a low DC input current,
thus Darlington pairs are often used
when it is applied. For audio, this has
the serious drawback of adding addition-
al undesirable noise sources. And emit-
ter degeneration resistors themselves
also add noise, so an emitter degenerat-
ed amplifier is by nature noisier. than
one which is not. In audio this type of
device is ‘therefore used only in higher
level circuitry (preferably).

In op amp design history, one early
use of emitter degeneration was 'first
generation" FET input IC op amps as typ-
ified by the 740, 8007, ADS40, and NES36.
This class of device typically uses a P
channel JFET pair operated as source
followers, which in turn drive an emit-
ter degenerated bipolar PNP differential
pair. Slewing rates achieved by this de-
sign are approximately 6V/uS, which is
an order of magnitude better than "741%
type performance.

Although the bandwidth of these ampli-
fiers is the same as that of a 741, or
1MHz typical, the slewing rate improve-
ment alone is sufficient to allow dra-
matic improvement in distortion perform-
ance. This is a point which should be
underscored: an improvement in slew rate
in a case of slew limiting can effect an
improvement far beyond that of an equiv-
alent bandwidth improvement, were slew
rate to be held constant.

This is clearly evident in the THD vs.
frequency performance of this class of
devices, when compared with 741 or other
similar slew rate units. Fig.I-19 plots
the 8007, the AD540 (not to be confused
with the NES540, discussed above), and
the NE536. The specified typical slew
rate for all these units is 6V/uS, but
production variations yield samples
above and below this mean. The perform-
ance of these samples could again almost
be ranked by slew rate, at least at high
frequencies.

Both the B007 and the AD540 exhibit
the classic slew limited THD curve, but
the NE536, due to its higher slew rate,
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is stopped short of tracing out the
classic pattern at 100kHz (due to equip-
ment limits).

In the case of the NE536, the HF dis-
tortion is sufficiently low in this in-
stance to warrant comparison with the
equipment residual; and in fact near the
100kHz it is only slightly above the
residual THD curve. At lower frequencies
we see an anomaly, however, as both the
8007 and the AD540 have lower THD in the
2K to 20K range than the NE536. The dif-
ferences are subtle, but measurable, and
at this writing cannot be accounted for.

In perspective, any of these three am-
plifiers offers excellent performance,
with THD below 0.01% to frequencies even
above 20kHz, An amplifier which can
achieve this kind of performance is in
general quite good, and can be recom-
mended without serious reservations, at
least insofar as slew induced distortion
is concerned. Again, this conclusion
will be further supported by the IM test
results to follow,

More recently, designers have intro-
duced FET input amplifiers which use low
transconductance FET input differential
pairs to achieve higher slew rates.
These may be termed '"second generation'
FET input op amps, as their design ob-
jectives seek to conquer the drawbacks
of first generation designs. However,
their overall audio performance is some-
thing of a mixed blessing. The three ba-
sic design approaches are the 356-357
series, which uses a P channel JFET in-
put stage; the 3140, which uses a PMOS
input stage; and the TLO84, which uses a
P channel JFET input/remainder bipolar
type design.

The 356 has a SMHz bandwidth and a
15V/uS slew rate, while the 357, a de-
compensated (minimum gain x5) version,
has a 25MHz bandwidth and a 75V/uS slew
rate. The 3140 has 4.5MHz bandwidth and
a 9V/uS slew rate spec. The TLO84 (a
quad unit) has a 3MHz bandwidth and a
7V/uS slew rate. Although all these am-
plifiers appear to be eminently suitable
for audio, in practice they are not and
we must add qualifiers in at least two
cases.

The 356/357 design has an inherent
slew rate asymmetry built into it, slew-
ing faster on negative slopes than posi-
tive. This gives rise to higher than
""ideal case' distortion (for an equiva-
lent slew rate, symmetrical amplifier).
Easily measurable, at least in the case
of the 356, this flaw causes an other-
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wise reasonably good amplifier to
achieve less than its full potential.
The 357, because it slews much faster,
moves this '"higher than ideal" distor-
tion upward in frequency. While this
minimizes the asymmetry defect, the 357
is also limited to gains of five or
more, which makes it not quite as effec-
tive as the 356 for general purpose use.

The 3140 also shows asymmetrical slew,
faster (+) than (-). The (-) slew rate
is limited by a speed problem in the
output stage which will produce a sudden
1% or more rise in THD at 30-40kHz,
while very low below these frequencies.
This problem is not inherent in the
3140's voltage amplification stages,
however, and the output stage can be
"fooled" by forcing a class A pulldown
current to the V- rail, which removes
the restriction and makes the slew rate
nominally symmetrical., Operated in this
way the data indicate it is one of the
higher performance devices tested for
SID.

In Fig.I-20 the reader can compare
these factors on a common basis. The
symmetrically slewing 3140 outperforms
the 356, although the 356 has a higher
slew rate. The 3140 is actually fairly
close to the equipment residual over
this range.

The TLO84 is free of the problems of
slew asymmetry; in fact, on the sample
plotted none was measurable. The TLO84
produced further evidence of the validi-
ty of the slew symmetry criterion,
yielding higher performance than the
faster 356. It even slightly betters the
3140 in the 10-30kHz region. It did ap-
pear to have a higher residual noise
level at lower frequencies, however,
which may limit its use for low level
stages. From other than the noise stand-
point, the TLO84 appears to be the best
of the currently available general pur-
pose quad amplifier types, as it con-
quers the major limitation of slew rate
and has a higher than average bandwidth.

We can make some further comparison
with the first generation FET amplifiers,
for instance the 3140 and the NE536,
which slewed at about the same speed.
The 3140 shows lower distortion, which
would follow, as it has wider bandwidth
and thus more corrective feedback. This
would follow logically, since given two
amplifiers with similar (symmetrical)
slew rates, the wider bandwidth device
will perform better, if we are comparing
two devices whose condition is not lim-
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ited. If we compare the TLO84 with the
NE536, we see the TLO84 has less distor-
tion in the 20-30kHz region since it has
higher feedback than the NE536. Further
up the frequency scale, where the TLO84
begins to slew limit, the NE536 has the
edge due to its faster slew rate.

The "dielectrically isolated" class of
amplifiers perform quite well both in
slew rate and bandwidth, Dielectric iso-
lation allows very high op amp speeds,
generally an order of magnitude higher
in both bandwidth and slew rate. Impres-
sive performance results when designers
combine this technique with a good sym-
metrical slew rate.

Fig.I-21 illustrates THD performance
of two dielectrically isolated op amp
devices, the 2620 and 2525. Both are ex-
ternally compensated, high slew rate,
wide bandwidth devices. The 2620, howev-
er, can be opened up to a higher band-
width, and will have slightly greater
feedback for a given gain setting than
the 2525, as the performance datareweal.

Compensated for unity gain, the 2620
sample slewed at 5.7V/uS but, as the da-
ta show, has excellent THD performance
in the audio region, even though slew
limited at just below 100kHz. This un-
derscores the value of the extra band-
width (8MHz here), as the 1MHz ADS40
slewing at 5.7V/uS does not do as well
(see Fig.I-19).

With no compensation, the 2620 is sta-
ble at gains of five or more and, as the
noise gain of five plot shows, THD which
is still low, without apparent slew lim-
iting. Indeed, this curve is only
slightly above the residual of the Sound
Technology 1700B, whose oscillator uses
a x1 compensated 2620 type device. The
distortion rise towards 100kHz is the
approach of slew limiting.

The 2525 performance shows that slew
rate alone will not do the job complete-
ly; high feedback is also needed to
achieve the lowest distortion. This de-
vice slews much faster than the 2620
(over 60V/uS measured) but has somewhat
less feedback for the same gain setting.
It also appears to have slightly higher
open loop distortion, which may be a
limiting factor.

Perhaps now the reader can begin to
appreciate that we are speaking of dif-
ferences in superlatives--either device
for any condition shown is quite good,
and will yield excellent low distortion
performance.

A most interesting general class of op
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amps use feedforward configurations to
achieve high bandwidths and slew rates.
This technique usually bypasses the fre-
quency response limitations of the PNP
transistors, effectively extending audio
performance, as shown in Fig.I-22,

We have already examined the 301lA in a

feedforward mode and found it one of the
superior performers. Like the 301A, the
OP-01 also operates in a feedforward
mode. This unit slews at about 20V/uS
with good symmetry. Its performance data
(Fig.I-22) are somewhat disconcerting,
as they indicate a lower THD than the
source in the HF region. This was double-
checked, but really did measure as
shown, There is little doubt that the
device is a good performer, but no ready
explanation can be offered for the
lower-than-source THD above 50kHz.
One possibility is near equal amplitude
but out of phase distortion components,
which could cause cancellation of input
THD.

The 301A and OP-01 must both be used
inverting only to achieve high speeds.
However, some designs use a differential
input stage, followed by a feedforward
second stage, notably the 318 and the
TDA1034.

We have already discussed the 318,
which is our reference amplifier. The
TDA1034 is a new device, unique both in
that it was specifically designed for
audio applications and in its combina-
tion of performance characteristics.

With unity gain compensation the TDA-
1034 slews at 7V/uS (Fig.I-22). This
causes slew limiting to be approached at
100kHz, but it still performs excellent-
ly in the audio range. With a minimum
compensation of three, its performance
very closely approaches the residual
curve, with a slew rate of about 13V/uS.
Not only does the TDA1034 possess high
bandwidth and slew rate, but it also has
a high current output stage, and an ex-
tremely low-noise input stage. It is the
only IC op amp device which can be gen-
erally recommended for any audio use
with no qualifications(at this writing.)

While other devices are higher speed
(at unity gain), the differences are
subtle and not at all overriding for au-
dio range performance. It serves not on-
ly as an example of a good audio design,
but also as a testimonial that good au-
dio performance characteristics are in-
deed possible on an IC chip. This is one
instance where the U.S., with its gener-
ally commanding superiority in IC de-
sign, has been upstaged by European
technology. U.S. firms doubtless will
soon be second-sourcing the TDA1034 de-
sign. It ha§ all the marks of a winner.

Fig.I-23 is our final note on the
overriding effects of slew rate on audio
distortion. I used the 318, our highest
performance device (the buffer amp cir-
cuit) because it is free from SID. How-
ever, any amplifier can also slew limit,
due to capacitive loading (as in the
case of the RIAA preamp example). Again
the mechanism is the basic I/C relation-
ship. Except for capacitive loading cases
the I is the devices' output current
limit, and C is the load capacitance. .

For the 318 the (+) output current is
about 20mA, for (-) it is about 40mA.
With a C; of 0.01uF this yields slew
rates of about 2 and 4V/uS respectively.
The result is a familiar slew limited
THD curve, with 1% THD at about 35kHz.
For a C; of 0.1uF this curve is moved
down by “a factor of ten,
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These data imply simply that slew rate
is an ever-present potential source of
distortion in any audio amplifier, even
the best of them. It is a basic circuit
phenomenon unique not only to IC op amps
but to any form of circuit technology,
regardless of feedback factors or other
often discussed misconceptions as to its
cause. In other words, if you go back to
basics, it all makes sense (or should!).

This completes our discussion of the
THD testing of IC op amps, with what I
hope are some firm conclusions in the
minds of the readers. The next phase of
our work utilizes two-tone 1:1 HF IM
tests, which follows as Phase II.
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Slewing Induced Distortion: Part 2b

Phase Il: Two-tone Intermodulation
Distortion Tests for SID

by Walt Jung
Contributing Editor

HE TWO TONE, 1:1 high frequency IM

tests (hereafter referred to simply
as IM tests) were performed on some, but
not all, the IC op amps tested in the
Phase I THD tests. One main objective at
the outset was to determine whether or
not a clearly demonstrable correlation
exists between slew rate and two tone IM
tests; and also between the IM and THD
data.

Once this objective was met, I tested
more selectively, generally those de-
vices which had proved superior in THD
tests, with data of certain units se-
lected to illustrate the pattern. Over-
all the results correlate quite well, as
devices which perform well in THD tests
also do well in IM tests. I discovered
many subtleties during the tests, how-
ever, which provide further information
and food for thought,

Our IM test set was especially assem-
bled for this study, and can most hon-
estly be described as a breadboard. We
spent considerable time, however, in en-
suring that the measurements were rea-
sonably valid and repeatable. A self-
calibration feature was built into the
test setup as a means of guaranteeing
this, and a fair degree of effort ex-
pended with the lash-up in minimizing
noise and spurious error sources. Al-
though a breadboard, the setup does al-
low repeatable measurements, and con-
sistent results. Therefore, while the
test setup may lack some desirable fea-
tures (mainly from the standpoint of
convenience) it does yield results which
are valid in my estimation.

The test setup consists of the equip-
ment shown in Fig.II-1. Some of this is
standard lab equipment, but a fair por-
tion was built specifically for the
task. In basic concept, the two tone HF
IM test linearly mixes two sine wave
sources with a close frequency spacing,
and applies the composite signal to the
U.U.T. (unit under test). The U.U.T.
output will contain (ideally) only the
original two tones, and no intermodula-
tion products, If IM is present in the
test device, it will appear as sum and
difference frequencies. In the case here
we are interested in the difference fre-
quency only, which was maintained (for
convenience, mostly) at 100Hz.

A low pass filter with sufficient HF
rejection can be used to separate the
original tones from the IM components,
and the resultant IM measured rather
simply with an AC voltmeter (suitably
calibrated).

Factors critical to the success of
this method are the mixing stage, which
(if active) must not generate any IM of
its own. The low pass filter must have a
very sharp cutoff between the Af fre-
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Fig.II-1: Block diagram , two-tone IM test setup.

quency and the lowest two tone frequency
used, otherwise the leakage of the tones
through the filter will contaminate the
readings as residual IM,

In the test setup here, a four-pole
Chepyshev filter design was used with a
rejection of >80dB at SkHz, allowing a
basic limiting resolution of 0.01% at
SkHz and greater above, Shielding,
screening, and appropriate grounding
must also be used to eliminate hum and
other noise components as contamination
sources. Finally, both the f1 and f2 os-
cillators must be very clean in terms of
hum and low frequency disturbances with-
in the passband of the LP filter.

Before taking any readings, I did var-
ious tests to demonstrate a minimum of
errors due to the above factors. In sum-
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mary, our test set can be demonstrated
as free of residual IM to the extent of
at least 0.01% (or less), at levels as
low as 100mvV RMS at 10kHz (worst case).
This factor is shown by the residual
distortion plot of Fig.II-2,

Operation of the test set is relative-
ly simple. The two tones fl and f2 are
manually set to the desired frequencies,
and the resulting envelope adjusted (by
trimming either f1 or f2) for the de-
sired Af repetition rate. Both fl and f2
levels are 10V p-p. When mixed this
yields a 20V p-p composite waveform.
This can be scaled downward as desired,
by the COMPOSITE OUTPUT LEVEL. The Af
reference oscillator is also set to a
20V p-p level, and the output can be
switched between either Af, or fl+f2. .

For calibration, the Af oscillator is
fed through the U.U.T. and the low pass
filter, which has unity gain at 100Hz.
By monitoring the output of the U.U.T.
with the scope, its drive is then ad-
justed for the desired p-p output @ the
Af frequency. Simultaneously, the AC
voltmeter is adjusted for a 100% full
scale reading. To read 80dB below 100mV
RMS, a high resolution voltmeter is re-
quired; in the test set here the Sound
Technology 1700B was used for metering
and the fl oscillator.

With a 100% reference level at 100Hz
established through the U.U.T. and fil-
ters, the setup is calibrated and now
ready for an IM tests. We accomplish
this by switching to the fl-f2 source,
and increasing the voltmeter sensitivity
until we obtain a reading. At the same
time, the DISTORTION OUT signal is moni-
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tored to observe the IM. The level of
the IM is read in either dB or as % of
full scale, with the 100% reference lev-
el being the 20V p-p (or lower, as ad-
justed) fl+f2 signal.

The U.U.T. is operated again here in a
unity gain inverter with (unless other-
wise noted) unity gain compensation. The
test circuit is a duplicate of Fig.I-4
(page 9).

Test Results

As ] mentioned, one of my first IM
testing goals was to establish a corre-
lation between slew rate and the result-
ing IM, as I did in the THD tests. Fig.
II-3 is one test which served as the
first indicator of this.

Here two previously tested op amps
were selected for an identical bandwidth
but with close to a 10/1 difference in
slew rate. One is a 741 which slewed at
0.5V/uS, the other the AD540 which
slewed at 5.7V/uS. The results are quite
dramatic, indicating that the higher
slew rate device generates almost negli-
gible amounts of IM at either 10 or 20
kHz, over the range of levels shown,

In distinct contrast, the 741 gener-
ates large amounts of IM at either 10 or
20kHz, particularly at high levels. The
20kHz curve is higher in level for a
given frequency, or, viewed another way,
for a given percentage of distortion the
level difference between 20 and 10kHz is
a factor of two. This same sort of pat-
tern is generated in the THD tests, in-
dicating a relationship to the output
voltage rate of change, or slew rate. It
is not surprising that the 741 performs
poorly in this test, but what is inter-
esting is the apparent close relation of
IM percentage to the voltage rate of
change as presented by the two tone IM
signal.

Our next test was a similar sort at
20kHz, on a device with adjustable slew
rate, the 2720. Fig,I1-4 plots the re--
sults of this test for output levels of
100mV to 7V RMS (%10V) of output. At a
low slew rate setting a great deal of IM
is generated, but it decreases progres-
sively for greater slew rates. These
curves are apparently similar (or would
be if complete), with equidistant spac-
ings, but since the lower two cannot be
traced completely to dynamic range lim-
itations, a different sort of measure-
ment perspective is needed, one which
stresses the device's voltage rate-of-
change tracking fidelity more completely

Fig.II-5 shows the same device in a
different form of IM test, full output
level (#10V), with a frequency sweep of
5 to 50kHz. With this form of data the
performance relationships become mare
evident, Here the 0.5V/uS and 1.6V/uS
curves are virtually identical in shape
and separated in frequency (at the 1%
distortion level) by a factor consistent
with the ratio of the slew rates. The
SV/uS curve appears to start on the same
trajectory, but is limited by the upper
sweep frequency limit of 50kHz. In the
data range which is present, its form
also resembles the 1.6V/uS curve.

Now we are able to make an extremely
interesting observation, if we compare
these data with the 2720's THD data
(Fig.I-17b, p.13), as we notice the fam-
ily of curves are quite similar in
shape. If we take the 1.6V/uS curves as
similar condition examples, we can see
that not only are they similar in gener-
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al shape, but the data points almost co-
incide, with the IM data being slightly
less sensitive. With this information,
the correlation seems to be established
without major reservations.

If the data do support the IM/THD cor-
relation, is it possible for us to rank
amplifiers by slew rate in terms of IM?
In fact, we can do so, within reasonable
limits, as Fig.II-6 shows. These data,
which are also swept IM from 5k to 50k
at full voltage output, begin with the
0.5V/uS 741 for reference. If it was not
apparent from the slew rate data, per-
haps these IM data will establish that a
low slew rate device such as this is
simply not adequate for high (or even
moderate) quality use.

Next in performance comes the 4136
sample, which slews at 1V/uS. Although
it is a different device from the 741,
the 1% IM frequency intercept is roughly
twice that of a 741, or the ratio of
slew rates. Lower down on this curve we
can note that the 1V/pS 4136 curve is
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roughly similar to the 535 slew enhanced
device, indicating that the 535 would
possibly slew in the 1V/uS range were it
unenhanced. In other respects, the 535
data cannot be compared directly or
ranked by its slew rate.

Next in terms of performance is a 2V/
uS 709 which is very closely paralleled
but somewhat bettered by a 2.5V/uS 1456.
Again (for the 709) the 1% intercept is
four to five times that of the 741,
roughly the ratio of slew rates.

Going further, we see the 356, the
asymmetric slewing device. Close to it
but definitely superior in this instance
is a x100 comp 709, which slews at 6.7V/
uS. Here is a case which clearly reiter-
ates the necessity of symmetrical slew-
ing, as the 709 is operating with 40dB
less feedback, but generates less IM. An
even better demonstration is the 8007
which slews at 3.6V/uS, but is far supe-
rior to the 356 in IM performancc.

Between the 536 and the ADS540 we have
an anomaly as far as slew rate ranking
is concerned, but as you may recall, the
536 behaved somewhat peculiarlv in one
regard in its THD list. The ADS40 is a
quite attractive unit, with less than
0.005% IM all the way out to S50kHz. Alsa
interesting is the slew enhanced 531 @
x10 comp, which again emphasizes the
value of high natural slew rate.

The lowest extremity of the curves is
the residual distortion level of the
test setup, over the 5k-50kHz range. Be-
low 10kHz, as may be noted, the leakage
through the filter becomes the limit of
performance measurement for most of the
devices, so comparisons in this range
should be taken with a grain of salt.

Above 10kHz, the residual is less than
0.002% and, as is noted, a great number
of devices simply sat down in this area
in terms of IM: namely, the 318, 1034,
2620, OP-01, 301A (FF), 2525, 3140, and
TLO84. However, THD tests separated most
of these devices in terms of perform-
ance, although admittedly their differ-
ences are of a somewhat subtle nature.
This indicates that of the two tests THD
is the more strenuous and demanding of a
device, and will serve as a more com-~
plete indicator of ultimate performance,
at least between the types of tests as
performed here.

The IM tests would perhaps be more
complete and revealing if continued to
100kHz, and with resolution extended be-
low 10kHz. I hope such equipment im-
provements can be made within the near
future. However, the overall data indi-
cate the THD tests to be more sensitive,
and definite (similar) patterns emerge
from both tests.

As I mentioned, performance of several
devices could generally be predicted
from slew rate alone. The TLO84, for in-
stance, was observed to slew very sym-
metrically, and at 7V/uS. With the de-
vice's 3MHz bandwidth, this is almost a
sure guarantee of good IM performance,
as in fact it did indeed turn out. I
hazarded a similar observation on the
0OP-01 prior to tests, on the basis of
its slew rate and bandwidth: my predic-
tion was borne out by performance meas-
urement.

Ideally, if a strong correlation is
established between slew rate and THD/IM
test results, it might be possible to
predict qualitatively a given device's
performance just by oscilloscope obser-
vation of its slewing behavior. This ob-
viously simplifies testing and proves
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true on the TL084 and the OP-01.
Unfortunately, however, this procedur-

al assumption could be dangerous for at

least two reasons. One is the behavior
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of slew enhanced devices which, as we

saw, appear to be

superlative in slew

rate terms, but are less than superior
in THD/IM tests. Reason two is simply
one of prudence and/or conservativism,

It is unwise to

make all-inclusive

statements such as, "If it slews fast
and symmetrically,it will measure well,"
While I observed this to be true in
about 90% of the cases tested, I also

saw exceptions., These may or may not be
slew rate related, but since they are
yet undefined they cannot be ignored.

In general, however, it can be stated
that an amplifier which slews fast and
symmetrically will be a good performer,
and as such will eliminate the major
sources of SID. Since this form of dis-
tortion has been shown to be overwhelm-
ingly predominant in most IC op amps, it
can hardly be argued that a fast and
symmetrically slewing device is not a
significant improvement.

As a final argument for the rigor and
completeness of the THD and IM tests, we
found other forms of distortion in sev-
eral devices, although they were admit-
tedly small by comparison. A device
could be entirely free of SID, for in-
stance, and yet have non-linearities in
its output stage. These would never show
up by doing an analysis of slew rate and
bandwidth, but could easily place a lim-
it on the device's ultimate performance.

More than one example of such an IC op
amp exists, and I measured some in this
study but deleted them from the discus-
sion for such reasons. But you'd never
discover such anomalies without making
the measurements, and this is but one
way in which those of us searching for
the truth can be fooled.

Next time we'll move to Phase III,
testing for SID by the TIM method.

Please turn to page 36 for the ref-
erences for this segment.
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Slewing Induced Distortion: Part 3

Phase lll: Transient Intermodulation Tests for SID

by Walt Jung, Contributing Editor;
Mark L. Stephens, Signetics Corp.; and
Craig Todd, Dolby Labs.

N THIS PHASE of testing, the test

method described in reference 17 was
implemented to investigate transient in-
termodulation in various common op amp
circuits. Our test set-up is shown in
Fig.III-1. A Sound Technology 1710 was
our low distortion sine wave source and
a Hewlett-Packard 3300 provided the
highly symmetrical square waves. The
signals were passively mixed via R1 and
R2 to prevent possible TIM generation in
the applied signal source.

Capacitors C1 and C2 provided the nec-
essary band limiting of the square wave
to 30kHz and 100kHz (-3dB point of fil-
ter) depending on the switch position.
The fundamental frequency of the square
wave was 3.18kHz and the sine wave 1SkHz.
The square wave and sine wave were mixed
in a 4:1 square-to-sine ratio, based on
peak-to-peak readings on an oscillo-
scope. We used an HP 35B0 spectrum ana-
lyzer in conjunction with an X-Y plotter
to measure and record the resultant out-
put spectrum of the unit under test
(U.u.T.), from 5Hz to 20kHz.

The peak-to-peak test level at the de-
vice's output was varied according to
the capability of the U.U.T. The most
severe test was 20Vpp amplitude, with
100kHz band limiting; the mildest, 2.SV-
Pp, with 30kHz limiting. To simplify
testing we used only four levels: 20Vpp,
10Vpp, SVpp, and 2.5Vpp. The combination
of these four test levels and two filter
conditions yielded a total of eight pos-
sible input signal combinations, of var-
ying slew rate intensity. The equivalent
slew rate is calculated for each possi-
ble input combination in Table III-1. As
you can see from the chart, the most se-
vere input slew rate to the U.U.T. is
10.2V/uS, and the mildest 0.4V/uS.

Before we present the test data, a few
comments about the test method are in
order. The sine-square test is only one
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of several ways of measuring transient
intermodulation distortion. Other ways
are high frequency hammonic distortion,
two-tone intermodulation (above), and
noise transfer techniques.!* However,
the sine-square method has the distinct
advantage of producing the greatest slew
rate stress on an amplifier using fre-
quency components within the audio band.
The other tests usually require out of
band fundamentals to generate measurable
amounts of distortion. The better the
amplifier, the more important this dis-
tinction becomes in evaluating its per-
formance.

Unfortunately, the sine-square test
method has a serious problem, which be-
came apparent after evaluating some of
the best op amps. The problem concerns
amplifier distortion products which are
coincident with the even order distor-
tion products of the square wave genera-
tor. Theoretically, a square wave should
consist only of odd order harmonics of
the fundamental frequency. Almost every
generator has a very slight asymmetry in
its square wave output which creates
small but definitely measurable amounts
of even-order distortion.

(’7 Table 11i=1

Resulting Slew Rates for Amplitude(s)/Band Limit(s)

N

Square Wave Component Sine Wave Component Composi te Output

Ampli tude SR* Amp1 i tude SR** Amplitude| SR
(vpp) (V/us) (Vpp) (V/us) (vpp) | (V/uS)

16 3.016 L 0.188 20 3.2

30“:‘ 8 1.508 2 0.094 10 1.6
I?”.t 4 0.754 1 0.047 5 0.8
mi 2 0.377 0.5 0.0235 2.5 0.4
16 10.05 L 0.188 20 10.2

;00';”2 8 5.025 2 0.094 10 5.1
]?”.t 4 2,512 1 0.047 5 2,55
ol 2 1.256 0.5 0.0235 2.5 1.27

RC ’

)

L *

* SR sine = 2n(15kHz) Vpp/2 = 0.047 Vpp

SR square = YPP R = filter time constant (uS)

Typical amounts for a general purpose
square wave generator are S0 to 60dB
down from the fundamental. Thus, if one
measures a very good amplifier that has
only small even-order distortion pro-
ducts falling on the square wave harmon-
ics, the true distortion of such a de-
vice would be masked by the generator
and therefore unmeasurable. An experi-
menter might then erroneously conclude
that the amplifier is free from transi-
ent intermodulation distortion, whereas
actually the amplifier is producing
small amounts of distortion below the
measurement threshold.

One might suggest that any amplifier
producing distortion products coincident
with the square wave harmonics should
also produce other readily measurable
intermodulation products of comparable
magnitude. This simply is not the case
and can be easily demonstrated, by test-
ing a 356 or a 530A. Both these amplifi-
ers show only even-order square wave
products, even under the severest slew
rate test.

To accurately measure these two de-
vices, we require a square wave genera-
tor with even-order products down at
least 90dB. In this test series, we ob-
tained this result by carefully adjust-
ing the symmetry of our square wave gen-
erator at periodic intervals. Only when
we reduced the generator's even-order
distortion did we begin to see differ-
ences between the best op amp circuits,
that typically had only even-order dis-
tortion products.

The magnitude of these even-order pro-
ducts for the best circuits were from 0
dB to 6dB greater than the generator re-
siduals, and in many cases required de-
tailed comparison of the input and out-
put spectra over several runs to verify
that the products were in fact actually
there. Figs.III-2 and III-3 show the in-
put and output spectra for the 530A,
which demonstrate the phenomenon.

The even-order harmonic problem with
the sine-square test can produce what
appears to be anomalous behavior in cer-
tain circuits. If a square wave genera-
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tor with even-order products of -70 to
-80dB is used, is it actually possible
to see less even-order distortion on the
output of a device than on the input? At
first this seems ridiculous, but in fact
it is quite understandable if you real-
ize that the distortion components from
the device under test can add (out of
phase) to the generator components to
reduce the output products. This happens
frequently with good op amp circuits, if
the generator products are on the same
order as the device's distortion prod-
ucts.

In general, the sine-square test is
valuable for measuring transient inter-
modulation distortion because it places
the greatest slew rate stress on an am-
plifier, with in-band fundamentals. How-
ever, it is an extremely difficult test
to implement since it requires an ultra-
symmetrical square wave source that is
stable with time and temperature. It is
further flawed by the fact that most
good amplifier circuits seem to show on-
ly even-order products that fall on the
square wave harmonics, and these prod-
ucts are independent of the sine wave
component. Thus one could use a square
wave test only (see Holmanl6) and obtain
the same distortion results. These dif-
ficulties place a limit on the useful-
ness of the sine-square test for isolat-
ing transient distortion.

Test Results

A number of op amps from our Phase I
tests as well as others were evaluated
with the sine-square test, and the re-
sults appear in the Table III-2 perform-
ance summary, All were hooked up as uni-
ty gain inverters except the decompen-
sated units which had to be operated at
higher gains, for stability reasons.
These exceptions are noted under test
conditions in the summary. The number
specified for percentage DIM* was calcu-
lated by taking the magnitude of all
distortion products, summing them by
squares and then nommalizing the square
root of the sum to the magnitude of the
sine wave component,

This normalization method seemed a
little ridiculous for those units that
showed only even-order distortion prod-
ucts falling on the square wave harmon-
ics, since removing the sine wave en-
tirely had no effect on the products.
Why normalize distortion to a fundamen-

* Otala uses DIM and TIM interchangably.
Both refer to the same test and mechan-
ism. DIM is “"dynamic IM" as opposed to
normal IM, which he thinks is static.

CRAIG TODD has been active in amateur
radio and audio since early high school.
He received a B.S. in Physics from Cal-
tech in 1970 and then went to work for
the USC Geology Dept. designing elec-
tronic instrumentation. He became asso-
ciated with the pro audio field when he
designed and built a professional 12 bit
digital audio delay line. In 1974 he
joined Signetics Corp. where he worked
on the LM381 preamp family of circuits
and desiyned the NE570 Compandor chip.
lle is now with Dolby Laboratories in
5an Francisco.

Craiy has written and presented sever-
al pars:rs for AES and IEEE conferences,
arel i5 .2 me:mber Of both organizations.
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Fig.ITI-2: 5308, 20Vpp, 100kHez. Input
spectrum as applied to U.U.7T.

FPim.IIT~3: 5304, 20Vpp, 1O00KHR. Output
spectrum.

tal that frequently does not contribute
measurably to the distortion products?
In addition, the square wave contains
most of the power and thus it seems more
reasonable to normalize to the square
wave fundamental, However, for the sake
of consistency we adhered to the origin-
ally proposed definition.

Of all the devices tested, several had
transient intermodulation components
within 1dB of the residual distortion in
the generators at the severest test con-
dition, 20Vpp with 100kHz filtering.
These were:

0P-01 NE536
HA2525 TDA1034 (@ x3 compensation)
TLO84 LM318 (518)

HA2620 (@ x5 compensation)

Since a small amount of noise or vari-
ation in the square wave generator har-
monic components could create a 1dB dif-
ference between input and output spec-
tra, we decided to use this as the. reso-
lution limit of the measurement system
and characterize all the devices as hav-
ing exceptional transient distortion
performance. In Table III-2, some of
these '""select" devices are specified to
have better percent DIM than the others.
This is because these op amps exhibit
extremely small differences, and the
data reflect what we measured. We feel
though, that these differences are with-
in the resolution of the measurement
system.

Although the Table I1I-2 data are
fairly self-explanatory, some comments
are appropriate. Devices which were
tested in Phase I THD and Phase II two-
tone IM tests are listed first, in the
general order in which they appeared in
Phase I. These are the ‘identical devices
so direct comparisons can be made. Some
additional units available to co-authors
Stephens and Todd are also listed; name-

ly the 4558, and the 356 and 357 (at the
end).

For the higher performance devices
mentioned above we often performed only
a single test, for example 20V, 100kHz.
If a unit performed well at this level
it was, of course, not necessary to test
at reduced slew rates. Some devices,
such as the TDA1034 and 2620, showed
some TIM at this level with x1 compensa-
tion, but negligible amounts with re-
duced compensation. Others, such as the
301A, improved markedly if used with
high SR compensation (such as feed-
forward).

An even larger group of devices passed
the 20V test at 30kHz, which is more re-
alistic in terms of a practical audio
bandwidth. In general, a device will
show serious TIM when the signal slew
rate exceeds the device slew rate. The
details of this relationship are covered
below.

Fig.III-4 clearly demonstrates the re-
lationship between transient intermodu-
lation distortion (DIM) and device slew
rate capability. This graph shows per-
centage DIM vs, device slew rate for all
types of devices under one standard test
condition. The maximum slew rate of the
input sine-square for this case is 3.2v/
uS. Thus, the device would have to have
a slew rate of at least this much to
pass the waveform with unmeasurable dis-
tortion, The graph shows that distortion
rises above the resolution level around
6.5V/uS, which is roughly twice the slew
rate of the input waveform,

This indicates that 'on the average' a
device must have at least twice the slew
rate of the input signals to pass them
with negligible distortion. As the slew
rate capability of the devices falls be-
low 6.5V/uS the graph is seen to rise
linearly to very high amounts of distor-
tion. A "best'" straight line drawn
through the data points turns out to
have a slope of 3:1 on the logarithmic
coordinates. This indicates that DIM
varies as the third power of the ratio
of the input slew rate to the device
slew rate. A simple equation expressing
this relationship would be h 3

- 1SR of signal (output)

% DIR = KT SR of device ]
where K = 0.16% for our data.

This relationship is extremely impor-

MARK L. STEPHENS was born in Salt Lake
City, Utah, in Nov. 29, 1947. As a teen-
ager he experimented with vacuum tube
circuits and subsequently developed a
strong interest in audio as a result of
building his own amateur radio equip-
ment. His interest in audio led him to
further experimentation and construction
of a hi-fi system and, eventually, %0 a
career in electrical engineering. Mr.
Stephens received the B.S.E.E. degree
from Carnegie Institute of Technology in
1969 and the M.S.E.E. from the Universi-
ty of California at Berkeley in 1974.
During his graduate work he specialized
in integrated circuit design and non-
linear circuit analysis techniques.

Mr. Stephens has worked in instrumen-
tation design for Hewlett-Packard Com-
pany and is now doing integrated circuit
design for consumer electronics at Sig-
netics Corporation. He has written sev-
eral published works, holds one United
States patent, and has three others
pending. )



tant to audio designers as it indicates
how transient intermodulation varies
with the input signal levels.

Note in the Fig,II1I-4 data that some
devices do not fit the characteristic
straight line relationship between dis-
tortion and slew rate. These are grouped
to the right of the line and generally
show excessive distortion for their high
slew rate capability. With the exception
of the Bi-FET devices (356, 357), all
these are slew-cnhanced op amps.

They feature an input transconductance
that varies with level to produce rapid
slew rates for large signals, Unfortu-
nately, the changing transconductance
gives rise to a crossover type of dis-
tortion mechanism. Since for small sig-
nals their slew rate capability is low,

they begin to produce distortion for
relatively slow waveforms. As the speed
and amplitude of the input is increased,
the performance of the device gets bet-
ter, and it is more capable of producing
the required output. Thus at high slew
rate inputs, the distortion doesn't in-
crease, it merely remains the same per-
centage as it was under low slew rate
conditions,

We found that under varying input slew
rate waveforms, the output spectra of
the slew-enhanced devices remained fair-
ly constant; only the relative magni-
tudes of the individual distortion prod-
ucts varied up and down. Increasing the
input slew rate caused some distortion
terms to increase and some to decrease--
but the magnitude remained fairly con-

stant under these conditions. It is in-
teresting to compare this behavior with
the leveling off of THD observed in our
phase I THD tests.

The Bi-FET devices also failed to fit
the characteristic straight line, but
they suffer from a different type of
problem from the slew-enhanced circuits.
The Bi-FETs showed only even-order dis-
tortion falling on the square wave har-
monics. They produced no other intermod-
ulation products as did the slew-en-
hanced devices. The Bi-FET devices seem
to alter the symmetry of the waveform,
indicating some kind of lop-sided non-
linearity. This theory is supported by
the basic slew rate of the 356, which is
11V/uS positive and 27V/uS negative. The
problem experienced by the Bi-FETs is

f Table 111-2 Table 111-2 \
Device Conditions SR, device SR, signa! DIM Comments Device Conditions SR, device SR, signal DiIM  Comments
(unity gain (v/us) (V/us) (%) (unity gain (v/us) (v/:us) ()
unless noted) unless noted)
741 10V, 30k 205 1.6 13.6 530 20V, 100k 27.5 10.2 0.08
5V, 30k 0.5 0.8 1.1 20V, 30k 27.5 3.2 0.08
2.5V, 30k 0.5 0.4 0.15 10V, 30k 27.5 1.6 <0.04
1.25V, 30k 0.5 0.2 0.1
0.625V, 30k 0.5 0.1 0.06 Sq. wave 530 J0v, 100k (+)45 10.2 0.4
h ; ’ (-)50
armonics (+)"S
709 06 P 20V, 30k P 3.2 <0.02
20V, 30k . 3.2 0.75
oy \ 8007 20V, 100k 3.6 10.2 1.01
v 2.5 1.6 <0.0 20V, 30k 3.6 3.2 0.06
AN mggﬁ 1.6 1.06 ADS4O 20V, 100k 5.7 10.2 0.26
) . 20V, 30k 5.7 3.2 0.04
x10G & C (+) 7.5 2 0.07
20V (-)s.0 3. . 536 20V, 100k 10 10.2 <0.02
10V, 30k Ef;;'g 1.6 <0.04 36 ov. 100k (+)11.5 0.2 o4 S9. wave
(+)7-5 i ()25 ) : har. only
20V, 100k (-)5.0 10.2 0.03 310 20v, 100k §+;9.5 0.2 0.52 () transi-
RE ) tions ragged
4136 20V, 30k 1 3.2 8.5 20V, 30k +)9.5 Sawave
10V 1 1.6 0.63 e 3.2 0.04 pd- wave
5V 1 0.8 0.14 20V, 100k (+)9.5 10.2 0.0k W—
4558 (+)1.5 (3.3k to =V5v)  (-)12.5 . . har. only
20V, 30k s 3.2 5.2
(*)I.S TLO84L 20V, 100k 8.3 10.2 0.02 Sq. wave
1ov (-)1'h5 1.6 0.3 har. only
5v gfgl'is 0.8  <0.08 2620 v 5.7 10.2 0.2
1456 20V, 100k 2.5 10.2 2.03 i?z'c32kc 5.7 3.2 .02
20V, 30k 3.2 0.31 20V 100k 65 10.2 <0.02
10V 2.5 1.6 0.09 ’
— 2525 x1 comp Sq. wave
2720 20, 30k 0.5 3.2 31.9 20 10.2 0.02
20V, 30k 1.6 3.2 1.28 20v, 100k har. only
20V, 30k 5 3.2 0.02 301A Feedforward (+)12.5 10.2 0.06 | rregul ar
531 )20 20V, 100k (-)50 : . waveforms
20v, 100k (-)18.7 10.2 0.4 0P-01 20V, 100k 20 10.2 0.02 Sq. wave
20v, 30k E:;%g 7 3.2 0.4 har. only
. 318 20V, 100k 75 10.2 0.022
10V (+)20 1.6 0.4
(-)18.7 . -43 TDA1034 x1_comp 7 10.2 0.2
sv (+)20 0.8 <0.08 20V, 100k . .
(=)18.7 . . 20V, 30k 7 3.2 <0.02
x3 G &C
535 20v, 100k ff;;g 10.2 0.2 20V, 100k 16 .2 <002
20V, 30k ff;ig 3.2 0.19 35 0v, 100k éf%;;'é 10.2 0.15 iﬂ;pZ:Zi[s
(+)11.5 only (for
17815 20v, 100k éf;;g 10.2 0.1 20V, 30k 2-127.5 3.2 0-09 11 3565
X +)11.5 and 357s
20V, 30k gf%;g 3.2 0.14 1oV (-)27.5 1.6 0.
ov Et;;g 1.6 0.14 357 20V, 100k ff;gg 10.2 0.1
538 x10 gain (+)30 10.2 0.35 20V, 30k ff%gg 3.2 0.08
20V, 100k (-)40 : ' (+)65 6 0.04
20V, 30k Efgig 3.2 0.15 1ov ()75 . -
k 1ov ff;ig 1.6 0.15 J
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not inherent in all FET op amps, by any
means, The S36, tor example, had DIM
levels below the resolution of our meas-
urcment oquipment.

Some Perspective on TIM

The current literature (references 3, 4,
o, 8, 9) generally says that three am-
plitfier design factors cause transient
intermodulation distortion:

1. A small signal open loop bandwidth
within the audio range, i.e., lower
than 20Kz,

2. Large amounts of negative feedback
{such as typically found in op amp
circuits).

3. Significant transient signal errors,
produced by poor input stage linear-
ity, and ultimately, limited overload
margins.

As it has been written, factors one
and two internally stress an amplifier
by driving it into large signal overload
conditions, and as a result factor three
then predominates, generating the inter-
modulation distortion. In the discussion
which follows, we will attempt to show
that the first two are not sufficient in
themselves to produce this form of dis-
tortion in the devices we measured b;
the recommended sine-square method.!
Factor three, which effects TIM, is
characterized by the device's slew rate.

Factor three is, in our view, just a
different way of phrasing the premise
which has been the undercurrent of this
entire study, namely that deviation frem
input stage balance produces large dis-
tortions in an op amp, that is, during
slewing. If slewing is avoided, then
these distortions are not produced, and
this can be shown to be true, with rela-
tive independence with regard to the
first two factors. It is of paramount
importance that these points be appreci-
ated, as factors one and two in them-
selves, if taken at face value, rule out
use of op amp devices entirely in quali-
ty audio.

Few currently available IC op amps have
have open loop bandwidths greater than
20kHz, which would suggest that any de-
vice chosen for an audio circuit will
produce TIM. This will be shown to be a
fallacy, since a great many IC op amps
show TIM below residual levels (>90dB
down, 100kHz BL). .

Factor two suggests it should be im-
possible to produce low TIM in high
feedback factor designs, such as normal-
ly typified by op amp circuits* This
will also be shown to be a fallacy, as a
great many IC op amp circuits show TIM
below residual levels, with near 100%
feedback, or feedback which is 90dB or
greater at low frequencies.

Factors one and two are examined
closely in the 1ight of measured TIM on
specific device examples in Figs.III-
5-7.

Fig.III-5 exhibits the TIM spectra for
two different devices under the same
test condition of 10Vpp output, with a
30kHz band limit. The top curve repre-
sents a 741, and the bottom curve a 536,

* The precise effect of negative feed-
back on distortion is described in:
Jung, W., Stephens, M., Todd, C., "Slew-
ing Induced Distortion and its Effect on
Audio Amplifier Performance" , AES Pre-
print, 57th Convention, May 1977.
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These two devices are specifically cho-
sen for near equivalent bandwidths, but
an approximate order of magnitude dif-
ference in slew rates. Test conditions
are identical, with a noise gain of two
which represents approximately 100dB of
negative feedback.

The 741 produces gross amounts of
transient distortion, while the 536 is
completely clean. This particular test
case contradicts factors one and two, as
the 536 which performs superlatively has
an open loop bandwidth on the order of
20Hz, and a feedback of nearly 100dB.
The results indicate strongly that fac-
tor three, as characterized by the high
slew rate of this device, is responsible.

Another test which points to a similar
conclusion is shown in Fig.III-6, Here
we examine the TIM performance of a 2720
device, for 20Vpp out, 30kHz BL, with
various slew rates programmed. The slew
rates are 0.5, 1.6, and SV/uS respec-
tively, and are represented by the up-
per, middle, and lower traces in order,
Clearly the increase in slew rate is ac-
companied by a corresponding improvement
in TIM performance, as was true in THD
and two-tone IM observed previously for
this device, Feedback is high (NG = 2)
in all three cases. While bandwidth of
the 2720 changes with different program-
ming currents, as does slew rate, at all
times the open loop bandwidth is 100Hz
or less. This device's results also
point to slew rate as the determinative
performance criterion.

A test which isolates slew rate alone
as the major variable in a single device
is shown in Fig.III-7, Here we see TIM
performance of a 301A, for two different
levels of compensation and feedback. In
the upper trace TIM performance is rela-
tively poor, the conditions are unity
gain compensation and a noise gain of
two, The lower trace shows essentially
zero TIM, and the conditions are a x10
compensation and noise gain,

In an externally compensated op amp
such as the 301A, the loop gain and gain
bandwidth product remain the same when
the device is compensated proportional
to the noise gain, as here. Thus the on-
ly major variable of this case is the
slew rate, which increases by an order
of magnitude. The results speak for
themselves, isolating factor three as
the culprit,

Having isolated and demonstrated the
singular importance of the third factor,
our next logical step is how we may ac-
curately characterize it. We have found
in our study that the easiest and most
direct measure of an amplifier's high
frequency large signal non-linearities
and overload margins is its inherent
slew rate. In general, design innova-
tions that improve slew rate also reduce
transient intermodulation distortion (as
was true for THD and two-tone IM). This
is true for all devices tested, includ-
ing the slew-enhanced circuits.

Perhaps now it is appropriate to com-
ment in perspeetive on how factors one
and two could arise as design criteria.
In most amplifiers open loop bandwidth
and slew rate have a direct link; there-
fore a design which extends open loop
bandwidth to above 20kHz would also in-
crease slew rate proportionally, and so
reduce TIM, It might therefore be con-
cluded that such a bandwidth is a funda-
mentally necessary criterion (if the
slew rate relationship was not complete-
ly understood),

Also, designs which use less feedback
require smaller compensation capaci-
tances for stabilization. A natural con-
sequence of the smaller capacitance is a
higher slew rate, which results in less
TIM. Therefore it could also be conclud-
ed (unjustifiably) that less feedback is
a necessary condition for low TIM.

The results of this study clearly con-
tradict factors one and two, at least to
the extent that they should be qualified
in terms of their relationship to slew

FIG.II-6

rate. A modified form of thesc fuctors
might be: 1) "More open loop bandwidth
is better, but for the most part to the
extent that it improves factor threc;"
2) "Less feedback can be better, if it
results in an increase in slcw rate.”
Both of these factors in their origi-
nal form have been shown by many differ-
ent examples of results to be incomplete
performance criteria in themselves. They
can (and often have been) misapplied to
prejudge certain types of audio cir-
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e

Fig. III-6.
er, 20Vpp 30kHz BL.
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cuits, most often IC op amps.

The major and over-riding criterion is
factor three, which is related to and
inseparable from the amplifier's slew
rate. Thus it is most correct to speak
in terms of slew rate to characterize
large signal high frequency and transi-
ent performance dynamics, as slew rate
is by far the most significant limit to
audio circuit fidelity. This study has
shown this to be true, regardless of how
one chooses to measure this fidelity--
THD, two-tone IM, or TIM, or (to follow)
listening.

In summary, a general relationship ex-
ists between device slew rate capability
and transient intermodulation distortion.
This relationship, for most devices, has
been shown to have a simple cubic form,

FIG.II - 80

That is, transient intermodulation in-
creases as the third power of the signal
input slew rate for a given device.

Exceptions to this relationship do ex-
ist and emphasize the fact it is not
just slew rate capability in a circuit
which is important but exactly how the
slew rate is achieved. Nevertheless,
with the exception of the noted anoma-
lous units, the relationship has wide
applicability to most op amp circuits.

One of the most important factors
which should be appreciated concerning
TIM behavior in op amps is its relation-
ship to output level. This can be graph-
ically shown by resulting TIM output
spectra for both high and low levels,
and summarized by a plot of RMS TIM vs.
input level.
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-

Fig. III-8(a).
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FIG.m-8b
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In Fig.III-8a we shown a 741 TIM spec-
trum for the conditions of 1.25Vpp and a
30kHz BL. It isTquite apparent there is
no TIM being generated at this level,
whereas the same device at a 10Vpp level
(Fig.III-5) was in serious trouble. This
underscores the fact that it is not just
slew rate, but SR in relation to the
signal (output) SR which causes diffi-
culty--in other words, how much the de-
vice's inherent slew rate is being taxed
by the output signal. In the case here,
the signal SR is 0.2V/pS, and the device
0.5V, This suggests a 0.4 signal/device
slew rate ratio as a minimum for this
case of a 30kHz BL, which agrees with
Fig.III-4,

This conclusion is further reinforced
by Fig.III-8b, an offset TIM spectrum
for a 4558 op amp for 10 and 5Vpp, 30kHz
conditions. In the 10V upper trace we
can see that weak TIM is being generated
(0.3% RMS). The signal slew rate for
this condition is 1.6V/uS, roughly equal
to the device's slew rate. In the lower
trace which is for 5V, corresponding to
0.8V/uS, there is no TIM, again support-
ing the 0.4 signal/device slew rate ra-
tio criterion (for TIM).

The RMS TIM data for these two devices
are plotted vs. the output level in Fig.
III-9. In this form, the data show how
TIM rises rapidly as this ratio is ex-
ceeded. Actually, for both devices, the
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TIM at an output slew rate below the de-
vice slew rate by a factor of 2.5 is
masked by the residual of test setup.

We glean an interesting point from
this: TIM at even a 1:1 ratio of signal/
device slew rates is only on the order
of 0.3%. In fact, if we examine the de-
vice performance summary given in Table
III-2, we find that almost all devices
show RMS distortion levels of 0.3% or
less for signal/device slew ratios of
0.75 or less.

From these data it would seem fair to
conclude that a signal/device slew rate
ratio of .4 or less would be conserva-
tive, as it yields negligible distortion
(<0.1%) in all cases examined. Ratios
lower than 0.4 are, of course, more con-
servative in terms of TIM performance.
Later we will show that a safety factor
of an even greater ratio of slew rates
(<0.4) is necessary to satisfy other to-
tal distortion criteria which are more
stringent than TIM performance alone.

Test Methods Correlation

We have now performed three different
electrical tests on an identical group
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of IC op amps, and shown in general that
all three sets of results can be linked
to slew rate, It remains now to bring the
existing data together in a form which
can produce an assessment of which meth-
od (or methods) are preferred, and why.

Fig.III-10 is a general indicator of
how the three different forms of SID are
sensitive to device output amplitude.
Here THD, two-tone IM, and TIM distor-
tion data are plotted vs. output drive
level, It is relatively easy to see that
the curves have a definite similarity,
as they all possess a common rapid rise
in distortion with increasing level. Al-
though the data shown here are for a
0.5V/uS SR 741 device, similar results
could be shown for higher speed units.
This figure demonstrates the common link
of all three forms of distortion to slew
rate, which should serve as an overall
perspective.

A more complete appreciation for the
three types of distortion and their com-
mon link to slew rate may be obtained
from Fig.III-11, Here we use the same
device and performance data, but in nor-
malized form, with a common reference of
signal/device SR ratio. This shows ex-
actly and comparatively how each form of
distortion behaves as a device is exer-
cised with various signal/device SR
ratios.

Again we note the very similar rapid
rise in distortion. In general we can
see that all three forms of distortion
show this rise in magnitude as the SR
ratio approaches unity. There are, how-
ever, great differences in sensitivity
to the exact ratio among the different
test methods.

The largest dynamic range of distor-
tion resolution is shown by THD, which
is also most sensitive, showing the
highest unity SR ratio percentage. This
indicates not only that the THD method
is the most sensitive means of SID de-
tection near the unity SR ratio point,
but it can also detect SID further down
from this reference--as shown here al-
most three orders of magnitude further
down,

The two-tone IM method is not nearly
as sensitive as THD around the unity ra-
tio, but does possess reasonable dynamic
range below this reference.

The TIM method has a unity ratio sen-
sitivity comparable to two-tone IM, but
quite poor dynamic range below this ref-
erence. Its unique ability is its power
to illustrate gross percentages of dis-
tortion at SR ratios higher than unity,
a feature which is of little or no prac-
tical value since devices would hardly
be operated in such a manner.

Thus we see that not only are the
three methods correlated, they demon-
strate different sensitivities and dy-
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namic ranges of SID detection. This lat-
ter factor is highly important to any
audio circuit/equipment evaluation work.
Other factors are of course involved in
selecting a particular method, such as
equipment availability, convenience, and
potential error factors, to name a few.

Of the three methods the THD method
(swept, full voltage level, 100Hz-100kHz)
is, generally the best choice, except for
the case of power amplifier stress and
bandwidth related errors. For low level
processing the method has few drawbacks,
as bandwidths are often greater than
100kHz.

"The two-tone HF IM method appears to
be most suited to the power amplifier
problem as it can be used with in-band
fundamentals to detect SID. This circum-
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Table 111-3

N\ PREPRINTS: The
entire series

Device THD
(operated as noted) (20v, 10DkHz)

Two-tone IM
(20v, 50k)

DIM of four articles
(20v, 100k) are available

301A (feedforward) 0.12
536 0.067
3140 (with pulldown) 0.063
TLO8Y 0.18
2525 0.062
2620 (x5 comp) 0.052
318 0.048
0P-01 0.037
TDA1034 (x3 comp) 0.045

.

in booklet form
0.06 from TAA's cir-
0.02 culation office
g~g: for $16.50 ea.

0.02

0.002
0.006
0.002
0.002
0.002
0.002 0.02
0.002 0.02

0.002 0.02
0.002 0.02
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vents the bandwidth/stress problems.

The TIM method is interesting, but has
a number of serious drawbacks. The bur-
den of square wave fidelity is one of
these; another is the requirement for a
relatively high aggregate of sophisti-
cated test gear, Data reduction to the
form of an RMS distortion figure is ex-
tremely tedious, a weakness seemingly
inherent in the method.

On the other hand, the method does
yield an immediate and obvious qualita-
tive dynamic check of distortion per-
formance from its spectrum display. How-
ever, it might be argued that simpler
methods (such as the Holman!€) produce
similar dynamic results, with a near
equal density of in-band components.

A further demonstration of the sensi-
tivity of the THD method of evaluating
an amplifier for SID is shown in Table
I1II1-3. Here are charted the results of
nine devices found to be outstanding in
all three types of tests, Clearly de-
vices can show substantial variation in
THD and yet be inseparable in two-tone
IM or TIM results, This is even more ev-
ident when we compare the respective de-
vice THD curves against two-tone IM or
TIM data.

Thus it seems more than reasonable to
conclude that the THD sweep method, when
applicable, is the most exhaustive of
the three used in these tests. Any of
the devices listed can be applied in
confidence that they will be free from
SID (when used as indicated).

We earlier showed that a simple oscil-
lographic measure of slew rate and its
symmetry serves as a minimum qualitative
check, which can ultimately be related
to SID (in its various forms). In the
absence of anomalous behavior (such as
some slew-enhanced units, and the Bi-FET
devices), this check can be extrapolated
directly as a general quality measure.

We suggest that a full rated output
level slew rate measurement be adopted
as a standard industry measurement tech-
nique, in conjunction with THD and two-
tone IM as SID yardsticks. In the case
of power amplifiers, the slew rate check
should be done both with resistive and
capacitive loads; this is also true for
the THD/two-tone tests.
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they understand the issue, they
will not vote for S.864 or any
similar legislation. Don't say

"if S.864 is passed" or anything of
the kind=--come on strong about the
irrationality of that whole ap-
proach to RFI.
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Finally, I'd like to address an
issue not covered in your editorial
--RFI in equipment other than home
entertainment equipment.

Perhaps the most disturbing pros-
pect is the specter of interference
in medical-electronic devices, such
as cardiac pace-makers. At least
one CB magazine has noted that high
powered CB installations using
linear amps may interrupt the op-
eration of a pacemaker and thus
prove fatal. (I don't know what
data was published in that article,
but I do know that there is data
available that indicates such a
possibility....)

Of course, the implications ex-
tend far beyond the pacemaker.
Medical electronics is a growing
field. Experiments involving the
implantation of electrodes in the
human brain to provide inputs for
artificial sensory devices have
been startlingly successful. The
functional artificial eye and ear
may not be far off, Of course, if
the bandwidth required for good
resolution in television pictures
is any indication of what will be
required for the artificial eye,
the whole concept may not be feas-
ible in the kind of RF jungle that
CBers are creating today.

That should put the legal aspects
of RFI in a new light, and, hope-
fully, make us less ready to accept
the presence of "CB in our ‘environ-
ment"”.

Jack Hannold
Elwyn, PA 19063

COAXIALS AND EFFICIENCY

A COUPLE OF WORDS about the "high
efficiency speaker system" (Issue
#3, 1976, p.37) seem in order.
First, the matter of coaxial speak-
ers. One objection to side-by-side
mounting raised was the non-coinci-
dent arrival time of acoustic pul-
ses. In general, the most the human
ear can distinguish is 2 millisec-
onds. This corresponds to worst
possible conditions with woofer and
tweeter 60cm. apart. This is easily
incorporated into speaker design,
thus is unimportant.

With regard to general clarity of
sound, see the Journal of the Audio
Engineering Society, April, 1976.
Paul Klipsch did distortion analy-
sis of coaxial vs. discrete compo-
nents. His results clearly show the
first distortion component to be
13dB lower in discrete components
(20cm. apart) than in comparable
coaxial systems. The results show
discrete woofers and tweeters give
audibly less distortion than coax.

It seems also that in calculating
the efficiency of the system, the
passive crossover was neglected.
This is a mistake. The Altec cross-
over typically wastes (according to
their own literature) about 50% of
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Slewing Induced Distortion: Part 4
Phase IV: Listening Tests for SID

by Walt Jdung
Contributing Editor

t COME NOW to the acid test or, in

popular parlance, where the rubber
meets the road: listening, If all the
electrical tests we've made in this se-
ries are significant, some definite pat-
terns should evolve in listening tests
of the op amps studied for SID. If we
find no pattem in listening, all the
above work will probably be rejected as
meaningless by the ultra purist, ''sub-
jective only'" advocates.

Fortunately, as we will see, the an-
swers from the listening testé‘nbt only
correlate with the measurements, they
correlate well. But before we get into
that, let's look first at how the tests
were done.

Test Setup

For this testing phase, I did a fair
amount of preliminary work to prepare my
system for an easy and repeatable '‘ob-
jective' subjective test (if there is
such a thing). In the general interest-
of simplicity and practicality, these
listening tests were all done in mono,
evaluating one IC at a time.

Fig.IV-1 is the block diagram of the
system. Both channels of my reference
stereo power amp (Ampzilla) are fed in
parallel from a single channel of a Dyna
PAT-5 preamp. This guarantees a balanced
mono signal from each speaker, which are
Magnepan MG-II's. All sources were oper-
ated either in a mono mode (tuner) or
strapped in parallel for mono, in the
case of tape and phono. Thus only one
signal channel of the PAT-5 is used for
the tests.

The PAT-5 channel I actually used was
one specially modified for these tests
to eliminate all traces of SID. Details
of the modification are to be described
in a future article (and embodied in_ a
kit), but in general consisted of whole-
sale replacement of circuitry, with the
use of the highest performance ICs (in
terms of SID) selected from the THD and
IM tests. This modification resulted in
a full output level (7V) THD of less
than 0.002%, across the full audio band.

Listening tests on this modified ver-
sion of the PAT-5 opened up new dimen-
sions in musicality, and even an in-
creased depth and spaciousness, even
though operation is strictly mono. I
doubt if valid listening tests could be
performed for SID without this type of
modification, as quite a bit of SID was
originally present in both the phono and
high level circuitry. Unfortunately,
this factor will complicate the exact
duplication of my tests by other read-
ers, at least for the present time.

The audible separation and identifica-
tion of SID in an experimental audio
circuit will be very difficult or impos-
sible, unless the test system is already
low in SID. In other words, you can't
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easily A-B a before/after switch for SID
if you have a large measure of it in
your present preamp or power amp. Howev-
er, if you have a first-rate system,
with a smooth clean upper range, it
should be possible.

An audible verification of this is a
completely free and unrestrained high
end which will reproduce transients with
an exact and detailed naturalness. High
level cymbals and/or traps should sound
effortless, with crisp reproduction. Up-
per register violins should be smooth,
sweet, and warm, with no traces of edge
or hardness whatsoever,

You'll know what I mean by this if vi-
olins elicit a ''goose bump" effect when
reproduced on your system. It is this
sort of quality which is needed for ref-
erence in comparing various ICs. This of
course assumes your recordings and/or
other sources to be top-notch.

Given the above, you can compare vari-
ous ICs for SID effects in an appropri-
ate listening test circuit. In my case I
connected the listening test circuit be-
tween the TAPE OUT jack of the PAT-5 and
the TAPE 2 "in'" jack. The PAT-5 is oper-
ated with all input sources except TAPE
2, with the monitor switch on TAPE 2.

In this manner the INPUT/MONITOR push
button switch can be used to select be-
tween the input reference signal (A) and
the signal through the test circuit (B)
which appears as the Tape 2 monitor sig-
nal, Other preamps (if used) have simi-
lar facilities. Thus the tape monitor
switch is used as an A-B select between
the original source and the version
passed through the test circuit.

The listening test circuit is shown in
Fig.IV-2, and is especially designed for
maximum sensitivity to SID. The first
amplifier Al is a 6 to 20dB gain stage
(gain set by R3), which scales up the
signal from its normal line level to one
which will drive the U.U.T. to near full
voltage output in normal operation, The
device used for Al is a 318, selected
for its virtually zero SID and wide
bandwidth,

I operated the U.U.T. in the unity
gain inverting mode, for the reasons

previously cited. Its output, which is
greater than the input by the gain fac-
tor of the Al stage, is then scaled down
to the original level by R9/R10-R36. The
output signal across R10 is equal to the
original input level, within the allow-
ance of resistor tolerances. For A-B
testing, levels should be matched, ei-
ther by the use of matched pairs for the
like resistors noted, or by trimming one
resistor (such as R9).

In my circuit I matched levels within
+0.1dB by trimming R9. C3 removes any
DC offset generated by the test circuit.
Exclusive of the U.U.T., distortion
through this circuit is less than 0.004%
and consists mostly of noise. Thus there
is fair assurance that what you will be
listening to is actually distortion in
the U.U.T., not in the remainder of the
circuit. This was also audibly verified
by using a 318 in the U.U.T. position.

In use the circuit is fairly simple,
but an oscilloscope is a handy opera-
tional aid, and can also visually indi-
cate SID. With the circuit connected and
operating, check first for correct 1:1
signal reproduction across R10-R3B. In-
put levels and/or the use of gain con-
trol R3 should be adjusted for an ampli-
tude @ Al-6 of close to 20Vpp, but below
clipping. Avoid clipping, which confuses
the distortion issue. Now, depending on
the U.U.T. in service, you may or may
not be able to hear distortion.

You can gain some familiarity with the
sound of SID by purposely using a very
low slew rate device, and playing a kigh
level, high frequency selection (with
suitable quality). One method of ensur-
ing this is to use first a 30lA overcom-
pensated with 330pF. By using the scope
to monitor the summing point of the
U.U.T. on a sensitivity of about 50mV/
division, you should see increasingly
large voltage levels coinciding with the
HF passages which trigger slew limiting.

This can be tested audibly, by switch-
ing the output of the test circuit to
DISTORTION PRODUCTS, which allows you to
listen to these error components. When
SID is generated you will hear a hard,
gritty, and grating distorted sound that

FIG. IZ-|
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Fig.IV~-l: Block diagram, SID listening test.
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is unmistakable. You now have a refer-
ence for what to listen for within the
overall sound picture. Listening to the
summing point in effect scales up the
distortion, and isolates it for scruti-
ny. It will never be this bad in a nor-
mal frame of things, but this test will
give you an audible perspective of its
nature,

At this slew rate setting, SID is rel-
atively easy to generate and detect. By
switching the monitor point back to NOR-
MAL, distortion should be readily appar-
ent with most program material, particu-
larly high level passages with high fre-
quencies. To verify that you are hearing
true SID, rotate R3 to a lower gain set-
ting, which will result in less output
voltage from the U.U.T. The harsh dis-
tortion will disappear, although the
overall level remains the same (assuming
the R3 a-b sections track well). This
demonstrates how SID is level dependent,
being worst at the highest voltages.

With your ears thus 'calibrated,' you
are ready for analytical listening
tests. This is best done in stgps, be-
ginning with a low slew rate dévice such
as the 741 or a 709 with x1 compensa-
tion., Careful listening to HF components
of program material should reveal edgi-
ness on crescendos and peaks. The scope
should also serve as a verification of
this, by displaying bursts of fuzz at
the summing point which coincide with
the SID.

By using the scope in a dual trace
mode, with the second channel monitoring
the U.U.T. output, watch for the maximum
levels which can show SID. With repeated
listening, you should be able to A-B the
source and the U.U.T. to verify whether
the SID is actually coming from the

U.U.T. or the source,
I find many terms describe the sound

of SID. Interestingly, the subjective
reviewers have used a great many of them
for years to describe audible defects.
Yet no one has directly linked these
colorations to measurable circuit param-
eters. Part of this difficulty is in
finding the right relationship; an even

* Like pairs preferably matched
** Common shaft, with good tracking: match final levels $0.2d8

t+ With compensation and noise gain adjusted as appropriate for test

greater one is to quantify the audible
degradation as well as the electrical
measurements, once a relation has been
established. At present, I'll admit I am
a lot worse at quantifying the subjec-
tive experience of SID than the electri-
cally measured form.

Yet audible gradations do seem to
evolve from the listening experience.
The audible degradations detected in
these listening tests did not appear at
all to be characteristic of the particu-
lar device type; rather they were relat-
ed to the device's slew rate capability.

Several factors are important to the
overall success of the listening tests.
One of these is the correct choice of
program material. It should emphasize
high frequencies, the range of 2-3kHz
and up. The levels should preferably be
as high as possible and feature extended
solo passages: violin concertos fill
this bill nicely, if the recording is
first-rate. One of my most useful test
records is the Bruch concerto (see list-

SELECTED TEST RECORDINGS

*1 Bruch and Sibelius violin concertos=--
2ino Francescatti, Schippers/Bern-
stein, New York Philharmonic, COL MS
6731

2 Orff: Carmina Burana--M.T. Thomas,

Cleveland Orchestra, COL MX 33172

Mahler: 8th Symphony--Solti, Chicago

Symphony, London OSA-1295

Lincoln Mayorga & Distinguished Col-

leagues, Vol.III, Sheffield LAB-2

*5 Thelma Houston/Pressure Cooker, "I've
Got the Music for Me," Sheffield
LAB=-2

*6 Mike Auldridge, "Blues and Bluegrass"

Takoma D-041

Linda Ronstadt, "Hasten Down the

wind,"” Asylum TE-1072

8 Linda Ronstadt, "Prisoner in Dis-

guise,” Asylum TE-1045

w

LN

~N

* particularly useful

ing), which features a final movement
which can demonstrate (expose) SID bet-
ter than a lot of others.

Bluegrass material is useful but re-
quires more care, Selections which fea-
ture well recorded solo fiddles can be
almost as useful as a violin concerto.
Plucked string instruments such as gui-
tar, banjo, and mandolin are also useful
indicators of transient quality, but
they must be acoustical pickups only. A
good test record for this type of mater-
ial is the Mike Auldridge album listed;
it is well recorded and outstanding in
its dynamics.

Rock and typical pop music is the
least useful, and in general should not
be considered for evaluating SID. So
much distortion and compression is built
into these recordings that you'll never
be able to separate things properly.

The Sheffield direct cut discs are
outstanding in unrestricted dynamics,
the best I know of to demonstrate what
transients should sound like. In commer-
cial recordings, this is about as close
as you can get to studio sound., The
Thelma Houston/Pressure Cooker release
listed is useful for its spectacular
drum transients and muted brass, which
will pinpoint SID.

In the listening tests our procedure
was to plug a device into the U.U.T.
socket and listen carefully to the HF
program content. Generally, I used only
the HF range for comparison, giving lit-
tle attention to lows. A first level, or
most sensitive comparison could be made
on one of the more controlled and
"'steady state'" musical selections such
as the Bruch (best) or Mike Auldridge
cuts (next best).

I carefully monitored the solo violin
in the extended high level passages for
differences between A and B states. This
would show up first as a barely discern-
ible dulling of the string tone, or
slight loss of warmth and sweetness, a
vanishing of the '"air.,"

These differences were so subtle they
would probably not be detectable at all
without an A-B comparison. I also no-
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ticed that this first slight amount of
degradation (level B) would not be de-
tected at lower U.U.T. output voltage
levels; only at near maximum output
could it be observed.

The next detectable level of audible
deterioration (level C) was a more ap-
parent dulling of strings, and loss of
warmth. The sound of strings is now
tending toward dryness. This is a dif-
ference of degree, beyond the just de-
tectable, Overall HF response is still
generally satisfactory, and the audible
coloration is slight. This level may
possibly be audible in a straight lis-
tening test, if the listener is familiar
with the musical selection.

Level D is one of marginal quality,
with noticeable losses of string tone,
warmth, and dimensioning. This is the
first really serious level of audible
defects, and can be noted by instruments
which seem to ''collapse' in their sonic

image in level B, as opposed to a three-
dimensional image which projects in
level A,

I noted this in various instruments
such as violins, banjo, mandolin, and
traps. Instruments tend to sound '‘cov-
ered up'" or recessed into the overall
sound, Massed strings begin to take on
an edge with high levels, and instru-
ments generally blend as a homogenous
source rather than concerted individual
ones., Live voice reproduction sounds
constricted or restrained, with a lack
of natural quality.

The final categorized defect (level E)
is recognizable on any sort of program
material, and need not be sought after--
it is apparent. Coloration and distor-
tion of highs is obvious, and may also
be accompanied by grit, fuzz, etc., In
this severe case, the defect seems to
affect voices to a greater degree, being
noticeable on live speakers, particular-

\

r;;ble V-1 .
Listening test results .Preferred to full output of %10V)
SID | ]
category Deterioration Gross distortion
Quality A B c 0 E
level
Audible No differ- | Just dis- | Further Colorations | Coloration
character | ences de- cernible softening, | apparent, and distor-
tected for | softening, | somewhat loss of di-| tion obvi-
any pro- loss of dry, gen- mens ion, ous, more
gram mate- | sweetness |erally ‘'covered" constricted
rial satisfac- | sound, covered
tory with |dulled sound,
slight transients, | transients
loss of constrict- smeared,
dimension |ed, edge grit, edgi-
begins ness, fuzz
Assoctated | »4v/us 2-8V/uS | 1~2U/us [ 0.5-1V/us | <0.5V/us
Samples 318, 518 1456 YLY
tested TDA1034 4136 4136
(2v/us) (1v/us)
2625
2525
8007 b7
NES36 356%
AD540
3140
NES41 NESL 1
(x100 (x10
comp) comp)
NESLO NE5LO*
(x100 (x10
comp) comp)
TLO84
0P-01
530A 530
535
538
1741S
531 (x10 531 (x1
comp) comp)
2720 (5v/ 2720 (1.6V| 2720 (0.5v/ | 2720 (0.16V/
1uS) /uS) us) us)
301A (x10 301A (x1
comp) comp)
301A (x100
comp)
301A (FF)
709 (x10 709" (x1
comp) comp)

\ * Audible ranking possibly due to factors other than slew rate

/
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ly on sibilants., A speaking voice under
these conditions sounds quite constrict-
ed or restrained, as if in a form of HF
crossover distortion., The loss of natu-
ralness is immediately apparent when A/B
compared, but also obvious even without.
HF musical transients may be almost com-
pletely subdued to the point of loss,
with their residual manifestations being
smeared. It is this quality level which
was purposely induced initially.

Naturalness is the one general term
which comes to my mind as most apt for
judging thc perspective of audible SID.
If an amplifier sounds completely free
and natural for any form of source ma-
terial, regardless of difficulty, it is
probably free of audible SID. The vari-
ous levels of deterioration just de-
scribed (B-D) all remove degrees of nat-
ural quality, to level E where the lack
of naturalness is grossly apparent. For
levels B and C, the degradations seem to
be subtractions or losses from the orig-
inal sonic image. With level D, these
losses are increased, but with added
distortions such as '"edginess,'" 'grit,"
or 'constriction."

I suspect (but don't know of a simple
way of proving it as vet) that levels B
and C can be equated to the approach of
slew limiting, as was evident in THD
tests as the initial rapid climb in dis-
tortion. Level D seems to be this de-
gree, plus perhaps occasional spillovers
into complete slew limiting where the
rasping of edginess and grit takes
place. The transients sound as though
they are covered up.

Level E is slew limiting for a great
percentage of the time. This may be gen-
erally confirmed by the observation of
ample bursts of summing point voltage,
which indicates the open loop condition
of slew limiting. I have made no effort
at all to classify defect levels worse
than level E, since this is already an
intolerable degree of distortion.

To confirm or deny my thesis about the
differentiation of quality levels B-C
and D-E, and whether or not actual slew
rate limiting was being triggered, I
added the A2 comparator stage to the
listening circuit (Fig.IV-2). I did so
after I had already categorized the ma-
jority of the ICs for sound quality.
This circuit simply triggers the scope
very positively when a slewing condition
is present in the U.U.T.

In operation, the (-) input of A2 is
biased at +150mV by R11-R12. When a
U.U.T. summing point voltage deviation
occurs greater than this level, A2's
output goes positive. This level change
can be used to trigger the scope exter-
nally, so as to coincide the start of
the sweep with a slewing interval when
present, This allows positive identifi-
cation and verification of slewing.

The A2 comparator's only weakness is
that it responds just as well to clip-
ping of the U,U.T. However, clipping is
easily recognized, as the U.U.T. output
(CH2) will be at a negative saturation
level as the sweep starts. Conversely, a
true slewing interval will start at some
more positive level near zero, and ramp
negative. You can (with careful observa-
tion) actually measure a device's slew
rate under program conditions using this
technique,

Using the comparator to detect slewing
conditions and carefully setting the
drive level to the U.U.T., I made a num-
ber of listening/electrical tests to
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verify the presence of slew limiting, on
what material, and how often., The re-
sults are indecd interesting and I am
sure will stinulate lively reader dis-
cussions.,

Cenerally, once the device possessed a
slew rate setting of 1V/u$S (or more),
there was never any gross limiting ob-
served. Clipping of the U,U.T. occasion-
ally triggered the scope, but since this
could be casily identified, it was dis-
missed.

This general picturec did not change
appreciably with a device slew rate near
0.5V/uS, but some slew limiting did take
place on the most difficult material on
hand, the Bruch concerto. liowever, to
reach a U.U.T. output level which would
occasionally slcw the U.U.T. on true HF
signals, the overall level was such that
frequent clipping was taking place on
peaks.

This indicates one of two things. Ei-
ther we nced a more demanding test work,
or it is unrealistic to expect 8-10klz
and up levels to be at or near peak pro-
gram levels. Sincc the latter is more
probable, this indicates that actual
slew limiting would be relatively infre-
quent for 0.5V/uS to 1V/uS devices (al-
though certainly still possible).

Below 0.5V/uS and at about 0.05 to
0.1V/uS frequent slew limiting takes
place. On a rich HF range recording such
as the Bruch, this is overwhelmingly ev-
ident, and the output waveform can read-
ily be observed to contain the triangu-
lar slew limited components. Even on
more ordinary program material slew lim-
iting is not at all infrequent, We
should cxpect this, since the fp of a
0.1V/uS device is only 1.6kllz which is
near the center of the audio spectrum
energy distribution, and thus wide open
for slew overloading.

To bring these tests into a comprehen-
sive focus, two broad but distinct cate-
gories of audible distortion seem to be
associated with SID. At low levels of
SID, the audible effects are a general
loss of naturalness and dulling of de-
tail. I will call this category I SID, a
general deterioration, and it encompass-
es quality levels B and C and overlaps D.

A more serious form of audible distor-
tion due to SID is associated with com-
plete slew limiting, the condition when
an amplifier is called upon to deliver a
rate of rise in excess of its slewing
ability. Gross distortion is evident in
this case, apparent by fuzz, grit, and
harsh reproduction on signal peaks. This
I will call category II SID, and it en-
compasses quality levels D and E.

Level D brackets SID categories I and
II, and depending upon the specific slew
rate and program material may produce
results of either. A low slew rate de-
vice such as a 0.5V/uS unit may occa-
sionally slew limit and produce category
II SID on certain program material, but
not consistently. It will generally be
producing category I SID (to its worst
degree) accompanied by the associated
dulled HF range.

Table IV-1 summarizes my listening
test findings very nicely, and assigns
an associated slew rate range for each
quality level. I made these quality lev-
el and slew rate range judgments during
the listening tests, using the devices
shown, I will not say my results are im-
mutable, but I do feel they illustrate a
very definite pattern. This pattern is
simply that higher slew rate devices
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generally sound better, and if suffi-
cient slav ratc is not present, a device
can sound disastrously bad (catcgory II).

A less concrete result is the exact
differentiation of quality levels B-D
and I submit these results as onc sub-
jective listener to the situation. Oth-
ers may hear things a little different-
ly, but I do belicve my point has been
made that slew rate can be linked di-
rectly to audible quality, and in dif-
ferent gradations.

This thesis is experimentally support-
ed by scveral devices whose quality lev-
el could be changed by an adjustment in
slew rate: i.e., the 301A, 709, 4136
(different samples) and the 2720 which
could be spotted at various levels.

Several devices on the IV-1 chart do
not fit the general pattern of audible
quality proportional to slew rate. These
are starred, indicating that their rank-
ing is probably due to other factors.
For example, the NE540 and 541, with x10
compensation, slewed at 4V/uS or more.
However, their sound for this condition
was not of A level quality (indistin-
guishable from source), it was morc of a
level B type. This may be due to the
rise in THD for these devices which ap-
proaches 0.1% @ 20kHz, When compensated
for a x100 condition, they both became A
level quality, and their distortion is
lower for this condition,

The slew enhanced devices present some
unique listening experiences. One of my
initial curiosities concerning these
units was whether or not the effects of
the class AB input stage mechanism can
be heard; the results make me belicve
they can. The 535, 1741S and x1 comp 531
all sound about the same, of a gencral C
quality although perhaps bordering on D
level. One can hear the beginnings of an
edge and a definite loss of imaging.

The 538 units presented problems in
evaluation, as two of the three samples
exhibited a curious parasitic instabili-
ty. The one unit which behaved more or
less normally seemed to be better than
the 535, 531 (x1) and 1741S, but it
still was not altogether what I thought
it should be. It seemed to be of B qual-
ity, but because the results were incon-

sistent in two of three cases, it is
listed in IV-1 as a C.

The 530 was the best performer of the
slew enhanced units, and sounded only
slightly less than A quality. This unit
showed lower THD than any of the others,
which indicates that the ear is sensi-
tive to really quite low levels of dis-
tortion in the 10-20kHz range.

The 356, on the basis of its slew rate
and THD, one would expect to do fairly
well. However, it was noticeably less
than transparent, losing dimension and
yielding a dry sort of sound; hence its
C rating. Some of this may be the de-

vice's basic asymmetry, as noted above.
This underscores the necessity of more
research into this aspect of IC perform-
ance.

All these anomalies indicate that the
ear can indeed perceive very small lev-
els of distortion, down to well below
0.1%, perhaps as low as 0.01 or 0.02%.
It may be that what we are hearing is
not exclusively distortion, but other
interrelated results which cannot as yet
be completely pinpointed.

A New Slew Rate Criterion

This information, in conjunction with
the results of the electrical tests, can
be used as the foundation of a new slew
rate criterion. It should be onc based
on the requirements neccessary for high
quality audio in a 20kH:z bandwidth, and
may be used as a predictive tool in cir-
cuit design or cvaluation. I present it
in graph fomm in Fig,IV-3.

To use this nomograph, only the re-
quired amplificr p-p output voltage necd
be known; the graph will then tell yvou
the required slew rate in V/uS. As an
example, an op amp intended to deliver
its rated 20V swing is plotted (vertical
line). This linc intersects the standard
fp relation (shown dotted, tor reference
only) at a level of 1.25V/uS. As has
been shown, this is inadequate for high
quality use; it is included here only
for perspective.

The remaining two lines correspond to
the new slew rate criterion, and repre-
sent slew rates of 0.5 and IV/uS per



peak output volt. The 0.5V/uS curve may
be viewed as a minimum objective, the
1v/uS as a conservative one. The example
of the op amp would thus require a 5V/uS
(minimum) or 10V/uS device slew rate, as
indicated by the intersection of the
vertical line at these points.

Since two range extremes of the crite-
rion are presented, the question arises:
which should a designer use? The 1V/uS
per peak output volt is the most con-
servative, and provides allowance for
other error factors. It should prefecra-
bly be used for instances where an ex-
cess of bandwidth is not present. The
0.5/uS curve can be used for wide band
devices, which will have higher feedback
factors and are therefore " more for-
giving."

This criterion is justified on the ba-
sis of both the electrical and the lis-
tening tests. In fact, the latter would
indicate a 0.5V/uS rating per peak out-
put volt to be adequate.

As a final perspective on the listen-
ing tests, the reader should appreciate
that since they were all done at maximum
amplifier output level, they are as pes-
simistic as can be. In practice, this
means any given device will perform pro-
portionally better as the output levels
are lowered. This should be an exact
linear relationship, that is, a 2/1 per-
formance increase, if you halve the out-
put swing. In terms of the quality level
brackets, this means a device will move
to the left, or improve, in quality lev-
el. Since the brackets are intended to
be roughly binary weightings (at least
from B-D), a device could possibly move
more than a single quality level.

Exactly how much improvement will re-
sult should be taken with a grain of
salt, however, since what we are dealing
with here are peak program levels, not
nicely defined sine wave amplitudes. Re-
gardless of level, however, the relative
rankings of slew rate (and thus the as-
sociated devices) will still hold, which
is simply to say '"faster is better'" ex-
cept for the special cases as noted.

You can also take the new slew rate
criterion, of course, and extend it up-
ward in level to include power amplifi-
ers. The Table IV-1 data, which are
based on %10V output levels, would in
this case be optimistic. Of course the
ICs tested here do not generally operate
at higher voltage levels (with the ex-
ception of the 541, a power driver), but
the slew rates associated with different
quality levels should be almost directly
proportional. Hence, a *50V output swing
should require five times the slew rates
shown for the respective quality levels
to attain comparable qualities.

At such an operating level, the cross-
over from level D to E would be 2.5V/uS,
and A level quality would occur at
around 20VuS. I can't say definitely
that all this will prove out, as I have-
n't run as many tests on power amps as
on ICs. I do know, however, that a fast-
er, symmetrically slewing power amp
sounds better, just as ICs do (see my
Dyna 400 review in Issue #2, 1977,p. 48).

A System Slew Rate Perspective

With all this information we can now as-
semble a slew rate/signal flow diagram
for the entire audio system. The Fig.IV-
4 diagram applies the new criterion to
an audio system on a logical, stage-by-
stage basis, and shows the required slew

rate of each stage. Although this draw-
ing is somewhat hypothetical, and the
exact numbers may vary in an individual
case, the general principles of the rela-
tionship will hold for any set of values.

Defining the slew rate requirements
for the components of a system begins
with the power amplifier, which is first
specified in terms of slew rate from its
rated output voltage. Note the correct
key terms here is voltage, not power. It
is peak voltage swing which determines
the required slew rate. To use a popular
example, assume a 200 Watt into 8 Ohm
amplifier. This results in a 112 Volt
p-p output voltage for rated power. From
Fig.IV-3, this requires a slew rate of
50V/uS (actually 56V/uS, but rounded off
for purposes of illustration).

If the power amp is to be the weakest
or limiting link of the system, all pre-
ceding stage slew rates should be in ex-
cess of the figure predicted by this
step, when related to their individual
levels.

To determine the slew rate required of
the previous stage, the power amplifier
slew rate must be referred to its own
input, by dividing by the stage voltage
gain to give equal basis comparison. In
Fig.IV-4, assuming a 50V/uS power amp
slew rate and a voltage gain of 25 (typ-
ical), this power amplifier's "input re-
ferred" slew rate would be 2V/uS. This
means that even in the case of an "infi-
nitely" fast power amp, a 2V/uS input
slew rate from the preceding source
would result in no more than a 50V/uS
final output level slew rate.

Since an "infinitely fast" power amp
does not exist, the driving source
should have a slew rate in excess of the
power amp's input referred slew rate, to
avoid deteriorating the latter's final
slew rate to less than 50V/uS (or what-
ever figure is appropriate).

My rule of thumb used here is a x5 ra-
tio, but even greater multipliers will
yield more conservative results. There-
fore, in this case the preamp's final
stage should possess a 10V/uS or more
slew rate, so as not to deteriorate the
power amp's 2V/uS input referred slew
rate.

You may extend this rationale to all
other fixed voltage gain stages, such as
the output stage of the preamp (line amp
block), which will typically run a gain
of 10 (20dB). For an output slew rate of
10V/uS this stage will then have an in-
put referred slew rate of 1V/uS. Again,
using the multiplier of 5, all input
sources should have a slew rate of 5V/uS
so as not to deteriorate this slew rate
and thus the final system slew rate.

Working toward the system input we
find the master volume control which can
pass preamp (or other source) voltage

levels near maximum output, regardless
of the final playback level. We may
therefore justifiably regard the preamp
in terms of its rated output voltage for
slew rate, rather than referring it to
the input referred slew rate of the line
output stage. We can do this by using
the new criteria of Fig.IV-3. For a pre-
amp with *10V output, the minimum slew
rate would be 5V/uS, as noted in the ex-
ample case here.

Further points should be dealt with on
a system basis, such as out-of-band
rolloffs to prevent possible supersonic
slew limiting or IM generation. Typical-
ly such measures appear at the power amp
input in the form of a passive RC net-
work, although in some cases they may be
appropriate at other points. Also, tone
control and/or equalization HF boosts
should be carefully considered on a sys-
tem basis, as they can require slew
rates in excess of that implied from the
above, if the boosts affect frequencies
above audibility.

Conclusion

After three series of electrical tests
and one listening test on some 100 ICs,
many things have been learned about
audio performance feedback amplifiers as
related to slew rate. However, as in
many such instances of research, the im-
portant thing is to separate the wheat
from the chaff. In plain words, the
wheat follows.

The slew rate, or large signal voltage
rate of change ability of an audio am-
plifier to be used in feedback or '"op
amp" type circuits is of major impor-
tance. This fact is demonstrated by both
electrically measured and audible re-
sults on a large number of amplifiers of
widely differing designs. In all cases
where slewing rate limitations cause de-
viation from an ideal balanced input
stage state, easily measurable distor-
tions result.

Contrary to many previously published
comments, this form of distortion can be
identified and quantified (most effec-
tively) by simple THD tests. Except for
some specialized cases, the results of
THD performance tests can be directly
related to the slew rate of a given am-
plifier. This may also be stated for
other forms of test, such as two-tone HF
IM, and the sine/square technique, but
those tests generally seem to be less
sensitive to detection of SID.

Listening tests of these same amplifi-
ers yield results which correlate sur-
prisingly well, to the degree that audi-
ble sound quality may also be ranked by
slew rate in a large percentage of cases.
Listening test results reveal two major
categories of distortion due to slew

FIG. I -4
SOURCE SOURCE
SR25V/uS SR> I0V/uS
MASTER gg\\; PsEAK'
4
" LINE POWER e
RO [
AV=10 (’ AV=25
REQUIRED REQUIRED
1 = INPUT INPUT =
0.2V PEAK, 2V PEAK,
SR> IV/uS SR>2V/uS

* Can be substantially Increased for tone and/or equalization boosts

Fig.IV-4: Audio system slew rate/signal level flow
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rate: category I, a general deterioria-
tion, and category II, a gross distor-
tion. In electrical terms these cate-
gories are associated with (I) the
approach of the device's slew rate, and
(II) the exceeding of this slew rate.

Interestingly, the subjective impres-
sions of the sounds of slew limiting
have been used in print in many instan-
ces for some years, yet no one has de-
fined this link in clear and unambiguous
terms, let alone quantitative ones.

Slew limiting effects in both electri-
cal and audible performance degradations
can be avoided by applying a new slew
rate criterion, to wit: "The circuit,
including all possible loading condi-
tions, should possess a slew rate of
0,5V/uS (minimum) to 1V/uS (conserva-
tive) per peak output volt." If this
criterion is satisfied, electrically
measurable distortions due to slew lim-
iting will generally border on the un-
measurable, or THD below 0.01% of full
scale (below 20kHz), as well as corres-
pondingly low IM and TIM,

Audibly, the device performance will
be such that slew limiting effects will
be undetectable in a full level A-B test
on the most difficult program material,
The only qualifications for applying
this slew rate criterion are that the
device slew rate be symmetrical and that
the input stage be of a class A design.

This criterion can be misapplied, if
care is not taken to limit device input
bandwidth to a normal 20kHz. Such a mis-
application could result, for instance,
when out-of-band components cause slew
limiting. A more general rule for guar-
anteed satisfaction is to maintain the
signal/device slew rate ratio at 0.25
(or less), a re-phrasing of the new slew
rate criterion. This may be accomplished
by appropriate passive band limiting to
define signal upper slew rate limits.

A major implication of this study is
the demonstrated necessity for both
product specifications which include
slew rate and standard test methods
which recognize it. Although the solid
state audio age has been with us for
more than a decade, there is no present
general recognition or appreciation of
this distortion phenomenon. This is re-
grettable, as it is much more signifi-
cant than most of the performance param-
eters typically specified and tested in
audio gear. We hope this study will have
a beneficial effect on this situation.

The above is a nutshell summary of the
outcome of the SID study. We are aware
that many of the general conclusions and
specific points of this study are in
conflict with some of the previously
published works on TIM. No doubt this
will lead to controversy, but then per-
haps a clearing of the air is in order.

I have endeavored in every phase of
the testing to be as objective as possi-
ble, while presenting an ample amount of
reliable data which establish certain
points. I feel confident that the elec-
trical tests will generally be accepted
as valid, but the listening tests (since
they were done through my ears) may jus-
tify further test cases. I would welcome
these in the interest of overall validi-
ty, and encourage readers to duplicate
the tests on their own.

I welcome reader comments. However,
please write directly to the appropriate
manufacturer to find sources for a spe-
cific IC. Send along your comments and/
or criticism, especially as to future
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research into the general subject of am-
plifier distortions. (If you expect a
reply, do please leave space on letters
for comment, and always enclose a
stamped, addressed envelope.-~Ed.]

(For a full listing of manufacturers and
their addresses, see pp. 28 and 57 of
TAA, Issue 3, 1977.]

REFERENCES
TIM:

1. Daugherty, D.G., ''Design Considerations
for Linear Transistor Audio Power Ampli-
fiers," PH.D. dissertation, Univ. of
Wisconsin, 1964, .

2, Daugherty, D.G., & R.A. Greiner, ''Some
Design Objectives for Audio Power Ampli-
fiers,' |EEE Transactions on Audio and
Electroacoustics, Vol. AU-14 #1, March
1966.

3. Otala, M., "Transient Distortion in Tran-
sistorized Audio Power Amplifiers,' |EEE
Transactions on Audio and Electroacous-
tics, Vol. AU-18 #3, September 1970.

4, otala, M., "Circuit Design Modifications
for Minimizing Transient Intermodulation
Distortion in Audio Amplifiers,' Journal
of the AES, Vol.20 #5, June 1972,

5. Hamm, R.0., '"Tubes vs. Transistors--Is
There an Audible Difference?'', Journal of
the AES, Vol.21 #4, May 1973.

6. Stuart, J.R., "An Approach to Audio Am-
plifier Design,' Parts 1, 2, 3, Wireless
world, Aug., Sept., Oct. 1973.

7. Lohstroh, J., and M. Otala, "'An Audio
Power Amplifier for Ultimate Quality Re-
quirements, |EEE Transactions on Audio
and Electroacoustics, Vol.AU-21 #6, De~
cember 1973.

8. Otala, M., & R. Ensomaa, ""Transient In-er-
termodulation Distortion in Commercial Au-
dio Amplifiers,' Journal of the AES, Vol.
22 #4, May 1974,

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., Méller, "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 24,42
March, 1976.

15, Jelsing, T., ''Causes and Elimination of
T10," 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 #4, May 1976.

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

OP AMPS :

18, Hearn, W.E., "Fast Slewing Monolithic
Operational Amplifier,'" |EEE 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-
cui ts,'* 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.

2L4. 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, lssues
#2, 1973 series., #1 and #2, 1974 series.

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

AUDIO RESEARCH RE-WORKS DYNA ST-70
Continued from page 11

filament supplies were added, the build-
er could doubtless use EL34¢ in the
finished unit,

The enterprising will note that the
constant current source of the D76A is a
single 6FQ7 tube and two resistors per
channel and that DC balance would not be
too difficult to add to the bias system,
A delayed regulated high voltage power
supply of higher current rating with
separate filament supplies (possibly DC)
would be the natural perfectionist's
version of this unit,

THE SOUND

While we have not compared the ST-70-C3
to the D76A, we have had the chance to
compare it to several solid state units,
We preferred it to all save the William-
son Twin 20 Mark II. The sound of the
two is remarkably similar--both very
pleasing, concise, and without any grit
or edginess,

We lived with the unit for many months
and it has that hallmark of all good
power amps, it really seems to have no
"character" of its own. FM from the
music stations runs along satisfyingly
by the hour and suddenly we are dazzled
by a live broadcast of the Boston Sym-
phony when the sound takes on an atten-
tion arresting, nourishing and satisfy-
ing character, Side by side channel com-
parisons with amps of similar power make
it evident that the ST-70-C3 is a very
elegant device for reproducing music.
Modest by today's power standards no
doubt, but a quite welcomie and valued
addition to our system,

We trust that those who elect custom
options in building versions of this
unit will share results with other read-
ers through the letters column. Those
who know of good sources for more diffi-
cult to find parts are encouraged to
share that data,

All in all, the ST-70-C3 project ought
to provide a lot of new experience for
tube buffs and perhaps a few will become
converts to the cult., We found it an ex-
ceptionally satisfying experience.

SPECIAL NOTICE

OLD COLONY SOUND LAB will act as
sole supplier and warranty agent
for the Audio Research ST-70-C3,
Audio Research will not answer
any mail or phone queries about
the product, its construction or
maintenance.
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SLEWING INDUCED DISTORTION AND IT'S EFFECT ON
AUDIO AMPLIFIER PERFORMANCE - WITH CORRELATED MEASUREMENT/
LISTENING RESULTS

BY
Walter G. Jung Mark Stephens Craig C. Todd
Pleasantville Labs Signetics Dolby Labs

Abstract

There has been a great deal of material in the literature in recent years
on transient intermodulation distortion (TIM) as a major distortion mechanism
in audio amplifiers, particularly IC op amps. A detailed study of high level
high frequency performance of op amps involving over 100 different device sam-
ples reveals the true distortion mechanism to be slew induced distortion (SID),
with TIM actually being only one particular manifestation of SID. '

The study demonstrates a direct correlation between device slewifig rate
and THD, two tone IM, and TIM test results, as well as listening tests. The
results allow not only predictable electrical and audible results of feedback
amplifiers based on slew rate behaviour, but also dispel several popular myths
involving open loop bandwidth and feedback factors as design criteria.

Some major implications of this study are a new slew rate criteria for
high quality audio circuit performance, the nature of various op amp slewing
behaviour patterns, the audible nature of SID as correlated to actual slew
rate, and the necessity for industry recognition of slew rate in both equip-

ment specs and testing methods.

)

Introduction

The frequent lack of correlation between an amplifier's measured versus
listening performance is well known. This leads to the immediate conclusion
that relevant measurements are not being performed. Transient Internmodulation
Distortion (TIM) 3,4,27 has been advanced as a distortion mechanism which could
be partially responsible for this lack of correlation, and yet elude common
measurements.

Most work on TIM has dealt with clipping of an amplifier's internal stages,
which produces gross slew limiting on the amplifier output. Of much greater
interest is the performance of an amplifier properly operated below its slew
limit, and that is what most of this paper is concerned with. It will be
shown that Slew Induced Distortion (SID) is the major distortion mechanism in
most present day amplifiers. Measurements of this distortion will be presen-
ted and compared with calculations of its magnitude. It will be shown that an
amplifier's Slew Rate (SR) and Gain Bandwidth product (GxBW or (1) are its most
important specifications for audio performance. Some design quidelines will
be given to allow designers to use and design amplifiers to avoid this type of
distortion.

Data from three types of distortion tests will be presented. These are
Total Harmonic Distortion (THD), Two Tone Difference Inter-Modulation Distor-
tion (IM), and the recently proposed test for TIM.IGSome of the relative merits
of these measurement techniques will be discussed and it will be shown that,
where applicable, THD is the optimm technique. It will become obvious that
low frequency distortion tests such as 1 khz THD or 60 hz, 7 khz IM tests are
useless for detecting SID. It will also become obvious that I.C. op amps,
viewed with suspicion by some, are capable of superlative performance when

properly operated below Slew Rate.
@
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The Slew Induced Distortion Mechanism

It is important to understand the dominant distortion mechanism of an
amplifier. We will mostly deal with operational amplifier circuits, but since
most present day power amps are of similar design the discussion and data will
be relevant to them as well.

Fig. la is an idealized model of our basic amplifier. Its input stage is
a voltage to current converter or transconductance stage, characterized by the
parameter gp. The output current of this stage is simply

ai = gna&v @
The second stage of our amplifier is an integrator with an output voltage
Vo = %Ibidt = &nfav dt )
The resistor R is responsible for the finite D.C. gain of the amplifier. At

low frequencies the open loop gain is

Ao = 8q R 3)
The open loop frequency response begins dropping (Fig. 1b) at a frequency
Wo = 1 (4)

Since for audio circuits we have no interest in the amplifier gain at D.C., it
is much more convenient to neglect R (as in equation 2) and work with the
unity gain bandwidth which, due to the integrator's -6dB / octave response is
equal to the gain bandwidth product.
Lt (s)
Wu = A (W) XU=AoUo=ngXm_'=—C-

(3)
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Ai=gm AV
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FIGURE 1b FREQUENCY RESPONSE



Refering to equation 2, we have

Vo =Wufa v at (6)
Thus for an amplifier with a 6 dB /octave ‘frequency response, the amplifier .can
be charadterized simply by its umity gain bandwidth or ‘gain bandwidth product.
Our next step is to examine the differential input voltage as a Iunction-of

the output voltage. '‘Differentiating equation .6 we ‘have

- 1dVo
AV Wk at i(7)

This important result shows us that the instantaneous .differential -input vol-
‘tage of an aemplifier is proportional -to .the slope (or slew) .of the :eutput,
with l&u as the constant of proportionality.

If we now look at a real amplifier wewill understand what SID is. 'Fig. 2a
is-a very simple real amplifier which will serve to demonstrate this. 'Ql and
‘Q2 are the differential input pair and Q3, Q4 .form a current mirror. This
stage is our transconductance amplifier with a “transconductance of

fn = %: %% (8)
Q5 with its current source load IA.and capacitor C forms our integrator. We
will neglect the finite d.c. gain produced by R. Ideally 4i is
Ai = g AV = Tk AWVE )
but this is only true when AV is small. The exact expression for this input

stage is

Ai = Ik Tanh®- (10)
Ve
Our transconductance stage is not linear and thus will produce distortion when

AV is large. Equations 9 and 10 are plotted in Fig. 2b.
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The maximum output current from our input stage is Ik. This detemmines

the maximum rate of change of Vo which is the maximum slew rate of our amp.

S.R. max = Tk (11)

How close we are working to the S.R. 1(1:1:1)( is simply
S.R. =Ai (12)
S.R. max Ik

This ratio is easily measurable from outside the amplifier with a differentia-
tor

di-_1 v 13)
Ik S.R. max dt

A glance at Fig. 2b tells us that operating with a Ai/Ik ratio » .25 will pro-
duce some obvious distortion. This is equivalent to saying that operation

at a greater than 25% of the maximum slew rate will produce distortion. This
distortion depends solely on the rate of change of the output signal, hence the
term ""Slew Induced Distortion."

So far we have been talking only of the amplifier with no mention of
feedback. We have been discussing the open loop performance. Anplifiers are
rarely used open loop so we must turn our attention to the effects of feedback
on amplifier performance. An important point to keep in mind as we discuss
feedback is that feedback networks are placed around an amplifier and have
no effect on its internal performance. Feedback will not effect the validity
of any of the equations developed above.

As is well known, feedback will reduce distortion. Let's take a qualita-
tive look at how this happens. A simple feedback network has been placed
around our amplifier in Fig. 3. The differential input voltage is

AV = Vin R2 + Vo Ry 14)
1 * Rz

(5)

R2

Rq
Vi — A N—
AV
i

—— V0

FIGURE 3 AMPLIFIER WITH FEEDBACK

INPUT DRIVE

+10V

—0

OUTPUT TO THD METER
1000 AND SCOPE

| *Rx IS VARIED FOR DIFFERENT

= NOISE GAINS AS FOLLOWS
(WITH Ry OPEN NOISE GAIN IS 2)

NOISE GAIN Rx

3 10K

5 3.3K

12 1K

101 1002
1000 1092

FIGURE 5 TEST CIRCUIT FOR SLEW INDUCED DISTORTION



This is the error voltage which we would like to be zero, but will be non-zero
if Vo contains a gain or phase error, or distortion. If we operate the ampli-
fier near its slew limit, we know that the amplifier will be very non-linear.
The feedback will reduce the non-linearity from Vin to Vout, but it still
exists from AV to Vout. If the feedback is doing its job and producing a rela-

tively clean signal at Vout, then it follows that the signal AV must be dis-

torted. The distortion must be of the proper magnitude and phase to compensate
Fig. 4a Fi
s s . ig. 4
for the amplifier's internal nonlinearity. It is instructive to look at some &

of these waveforms as shown in Fig. 4. These are pictures of a 748 op amp
compensated to unity gain by 30 pf and operated as shown in Fig. 3. The ampli-
fier had the following performance:

£y =Wu 281.5 Mhz
i 4

S.R. =+ .97V /us
- .91V /us

The amplifier was operated at full output swing of 20 V p-p. Two frequencies

were used, 12.7 Khz and 19.1 Khz. At 20 v p-p these frequencies produce slew

rates of +.8 V /us and +1.2 V /us respectively. These two frequencies were Fig. 4c .
applied to the closed loop amplifier for gains of 1 and 10. For either gain,

the output was a visibly clean sine wave for the 12.7 khz, +.8 V /us signal.
Fig., Gain §.R. THD Trace 1 Trace 2

The 19.1 khz, *1.2 V/us signal drove the amp into slew limiting, and this is 42 1 t8 <.05 Vin AV
shown in Fig. 4b. The output slewing waveform was visibly the same for either Sv/div Lv/div
4b 1 *1.2 3.5 " Vout
gain. Fig. 4F summarizes the photos. Sv/div,
4, 1 *1. 3.5 "
The important point to see is that the op amp input,AV, becomes highly ¢ -h.2 3.8 4 5‘\; Jdiv
distorted in an attempt to linearize the response of the closed loop amplifier. 4d 10 *.8 .56 " av
L 1V/div.

As the maximm slew rate is exceeded this process breaks down and the error de 10 t1.0 4.1 " "

voltage goes wild. Operation at lower gain (more feedback) yields lower
Fig. 4f

Fig. 4e

(6)

Equivalent Slew Rate of Sine Wave = 2W{f V,

Device Slew Rate

Definition: fp = 2TV,



distortion operation, and allows low. distortion operation closer to the slew
rate limit.

There is nothing particularly unique about slew-induced distortion in
audio amplifiers. It can be measured, calculated, and improved upon by using
standard techniques that have been available for some time. The only elusive
aspect of this form of distortion is that rather than occuring on a peak mag-
nitude (like clipping), it occurs on the rising or falling edge of the wave-
form. This is due to the fact that the dominant non-linearity in the circuit,
the transconductance of the input stage, is followed by an integrating stage.
Thus in Fig. 1, if the transconductance stage were overloaded and producing
clipped square waves of current output, the integrating stage would transform
these square waves into triangle waves at the output. The triangle wave is
the ultimate example of gross slewing distortion.

Although slew limiting is most often encountered in amplifiers due to
internal I/C relations such as described above, it can also occur due to
output current/load capacitance rate limiting, with the end effect being simi-
lar. This type of slew limiting can occur in equalized pre-amps which cannot
adequately charge frequency shaping capacitors, or power amplifiers which can-
not drive capacitive loads due to protection circuitry.

The distortion products produced by SID are measurable either by methods
of THD, two tone HF IM, or TIM15, and in all cases they become significant as
the amplifier's inherent slew rate is approached.

Test Methods for SID characterization

A major objective of this study was to develop a reliable and predictive
test method for the presence of SID. This objective was not only met, but was

done for three different means of measurement, all of which correlate well with

@)

each other, with calculations, and finally, with listening results. The differ-
ent methods are discussed below.
THD Tests

It has been previously reported that THD testing methods are insensitive
to the detection of TIM distortion.16 In actuality this is only true for
spot frequency THD tests. A full output voltage level THD sweep test from
100 HZ to 100kHZ has been found to be the most sensitive test to detect SID in
op amps, as it exercises the output rate of change tracking fidelity to a high
degree. Unfortunately this form of test is not always directly applicable to
power amps, but it is an excellent one for IC op amps.

To implement this test, some important restrictions must be placed on
the test circuit. The test configuration must operate in the inverting mode,
to eliminate common mode distortion effects which exist when an op amp is
operated non-inverting. The magnitude of these effects in some designs can
approach that of SID, therefore a non-inverting test is incapable of separating
these two components. Similarly, output stage non-linearity must also be mini-
mized by careful restriction of loading to 10K or more. These precautions
assure us that we are measuring SID, Distortion produced by poor common mode
rejection and output loading should be evaluated separately and are not the sub-
ject of this study.

A test circuit which is suitable for SID tests is shown in Figure 5. It
is a unity gain inverter, with campensation adjusted for unity gain, except
for special cases as noted. Input-output signal levels are full rated voltage
swings of +10V (7VRMS), except as noted.

The device under test (D.U.T.) is operated in this circuit, and the first

test made is a check for its actual slew rate. For a given device the actual

(8




slew rate can vary markedly fram the data sheet value, therefore results
can only be correlated by actual measurement, using a fast rise square
wave source. Ideally slewing should be symmetric, so the measurement
should take note of both (+) and (-) slew rates. After the S.R. test,
measurements of swept THD can proceed.

THD data on a 741 IC op amp with a 0.5V/pS SR is shown in Figure 6.
This data indicates in the full output curve a characteristic sharp rise
from the LF residual level, to a 1% level at the 8KHZ fp frequency, this
occurring within only 2 octaves. For lower output levels such as for 2V
and 1V RMS, the 1% frequency is proportionally higher, in fact by the
ratio of amplitudes. In all three cases the characteristic sharp rise in
distortion can be noted as the SR is being approached.

SID, improves considerably for higher slew rate devices, or compen-
sation conditions which result in higher slew rates. In Figure 7, THD
data on a 301A amplifier is shown for various campensation/gain conditions
with all data referred to a 7VRMS output level.

The first curvé is for unity gain compensation, where the SR is
0.9V/uS; the behaviour is similar to but slightly better than the 741 for
similar conditions. For the x10 compensation curve, the resulting slew
rate is 7V/pS and the performance is much better, with slew limiting not
reached until 90kHZ. The improvement is due to the x10 improvement in
Gain-Bandwidth product and slew rate.

The third curve is for a x100 compensation/gain, and here slew limit-
ing is not at all evident, as the rise in THD is 6dB/octave, or bandwidth

related.

9

2vRMS 1vRMS

7vRMS

741 UNITY GAIN INVERTER

THD VS. FREQ, VARIOUS OUTPUT LEVELS
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=0.9V/uS
X1 COMP
N.G. =2

SR

Slewing symmetry has a pronounced effect on SID, and SID will only
be minimized when the (+) and (-) slew rates are equal. In some IC
devices, particularly those which use current mirrors, slew symmetry can

be trimmed, which demonstrates this effect as shown in Figure 8.

=12
SR = 10V/uS
X100 COMP
N.G. = 102
|
100K

Here the THD performance of a 301A op amp with a trimmed SR of 0.4V/uS

SR = 7V/uS

X10 COMP
N.G.

is plotted, and the data indicates an fp of 6.7KHZ which agrees with the

theory. For assymmetric slewing however, the distortion generated is
much higher and the break point occurs much lower in frequency. This sort
of behaviour can be noted in many amplifiers, and those in which slewing

is inherently assymetric will not yield as low a distortion as even slower

i
10K

" devices which are symmetric. Assymmetric slewing is caused by an assym-
metrical transconductance curve and leads to much 2nd hammonic distortion.

The 2nd harmonic will rise in amplitude before the 3rd does and is thus

detectable at lower levels.

FREQUENCY Hz
FIGURE 7

Slew Rate and THD

1K

An interesting demonstration of the effectiveness of slew rate improve-
ment on THD is contained in Figure 9. This data is for the 2720, a pro-
grammable IC op amp, where SR can be adjusted via a bias terminal. Shown
here is the resulting THD for SR of 0.5, 1.6 and 5V/uS respectively. As
can be readily noted, the resulting performance improves directly as SR

is increased.

i
100

Since the previous examples have indicated a quality of performance

directly tied to slew rate, it might seem fair to assume that a very high

301 A UNITY GAIN INVERTER THD VS. FREQ,,

VARIOUS COMPENSATION NOISE GAINS,

£10V OUT

slew rate is sufficient in itself to achieve this quality. This is not

completely the case however, as shown by Figure 10.

10
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.001

% THD .1



0.1

THD %

0.01

LEFT, MIDDLE
ASSYMETRIC (=)
LEFT: SR (+) 0.6V/uS
(-) 0.3V/uS
MIDDLE: SR (+) 0.3V/uS
(-) 0.6V/uS

RIGHT:
TRIMMED,
SR = +0.4V/uS

301A OP AMP, THD VS. FREQ., UNITY
GAIN INVERTER, + 10V OUT VARIOUS
SLEWING SUMMETRIES Cc = 33pF,
OFFSET ADJ. TRIMMED FOR SLEWING
CONDITION SHOWN

0.001 - —1 1 i
100 1K 10K 100K
FREQUENCY Hz
FIGURE 8
10 _ _ 0.5v/uS !
.5v/u
1.6v/uS Sv/uS
d -
THD % 0.1 - 2720 PROGRAMMABLE OPAMP
THD VS. FREQ, VARIOUS SLEW RATES
UNITY GAIN INVERTER, * 10v OUT
RIGHT = 5v/uS
CENTER = 1.6v/uS
LEFT = 05v/uS
0.01
I‘I\
I | -
0.001 .
100 1K 10K 100K

FREQUENCY, Hz
FIGURE 9




531
<«— X10 COMP
«—530A NG =11
535
<538

NG =5
NG = 2

531
<— X1 COMP

-—17418

100K

10K
FIGURE 10
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SLEW ENHANCED OP AMPS:

THD VS. FREQ

0.1
0.01
0.001

THD %

This data is THD performance for a class of op amps known as ''slew
enhanced" types. This form of op amp uses a class B (or AB) input stage
to dynamically increase the output current, and thus SR.

In terms of performance, slew enhanced units generally show a low
level distortion performance like a conventional op amp up to a point, but
complete slew limiting is prevented. The data reflects this, but also
shows substantial differences in performance for the various devices tested.
Highest performers are those units which show the best low level linearity,
and highest GxBW; ie.the x10 531, the 530A and the 538.

At this point, data has been shown which reflects the key behaviour
patterns observed in the group of IC samples tested. In general, if the
device slew rate is 5V/uS or more, is symmetrical, and does not use slew.
enhancement, the THD performance will be superlative. This will be evi-
denced by a THD of 0.01% or less up to 20kHZ, and for the best devices,
0.1% or less up to 100kHZ. Of those tested the best devices in the above
terms were: NES534 (equivalent to TDA 1034) 536, 318, 518, TLO84, 3140,
2620, 2525, 301A (feed forward) and the OP-01, Nearly as good were the
AD540 and 8007. The common characteristic of all of these amplifiers is
their high slew rates; all are 5V/uS or more.

Two-tone HF IM Tests

The second series of tests conducted on the sample group of IC op
amps was HF two-tone difference IM, hereafter called simply IM. This type
of test also shows SID, as evidenced by IM, to be governed by amplifier
slew rate. For these test a 1:1 mixed high frequency tone pair at full
output level is swept from 10kHZ to 50kHZ. The difference frequency is

maintained @100HZ. All tests were performed in the test ciruit of Figure S.

11




Figure 11shows data which indicates the relationship of IM performance and SR.
This data was taken with the 2720 programmable op amp, with slew rates of 0.5,1.6
and SV/pS, conditions similar to Figure 9.

The nature of the IM performance behaviour strongly resembles the data based
on THD, showing a similar rise as slew limiting is approached. This behaviour pat-
temn is a characteristic one of IM, just as it is for THD.

Figure 12 shows a composite plot of IM performance for a variety of different
IC op amps. The highest performance devices here show data which is at the
equipment residual level, while the others show quality generally proportional to
slew rate. The notable exceptions to this are the 535, a high speed slew enhanced
type, and the 356 an assymetric slewing unit. Both units have high slew rates,
but the method of achieving it prevents optimum linearity.

The data from the IM tests follow the same general pattermn as THD based data.
It is less sensitive, though, due to the fact that it measures even order products
and the amplifiers usually (if perfectly symmetrical) generate odd order. This test
is quite effective in pinpointing amplifiers which are assymmetrical such as the
LF356. A two tone IM test to measure odd order products (2f1-f2) would yield
more useful data on the symmetrical devices.

TIM Tests

A selected sampling of devices which had undergone the THD and IM tests were
then subjected to the TIM tests as outlined in reference 16. Like the previous
tests, the test circuit of Figure 5 was used in these tests. Our results do not
directly correlate with those of Reference 16 because we are operating the ampli-
fier with no common mode swing in order to isolate the SID distortion from common
mode distortion. Figure 13 sumarizes the results of these measurements, for full

level tests performed with a 30kHZ square wave band limit.

12)

0.5v/uS

1.6v/uS

TWO TONE 1:1 IM VS. OUTPUT LEVEL
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M% 0.1 |-
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10 KHz
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FIGURE 11
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The relationship between transient (or dynamic) intermodulation distortion
(DIM) and device slew rate capability is clearly exposed by the graph in Figure 13.
This graph shows percentage DIM versus device slew rate for all types of devices
under one standard test condition. The maximum slew rate of the input sine-square
for this case is 3.2V/uS. Thus, the device would have to have a slew rate of at
least this much to pass the waveform with unmeasurable distortion. me graph
shows that distortion rises above the resolution level around 6.5V/uS, which is
roughly twice the slew rate of the input waveform. This indicates that "on the
average' a device must have at least twice the slew rate of the input signals to
pass them with negligible distortion. As the slew rate capability of the devices
falls below 6.5V/pS the graph is seen to rise linearly to very high amounts of dis-
tortion. A "best'" straight line drawn through the data points turns out to have a
slope of 3:1 on the logarithmic coordinates. This indicates that DIM varies as the
third power of the ratio of the input slew rate to the device slew rate. A simple

equation that expresses this relationship would be

% DIM = K[SR of signa1]® (15)
R of device

where K = 0.16% for our data
This relationship is extremely important to audio designers as it indicates how
transient intermodulation varies with the input signal levels.

It should be noted from Figure 13 that there are devices that do not fit the
characteristic straight line relationship between distortion and slew rate. These
devices are grouped to the right of the line and generally show excessive distortion
for their high slew rate capability. With the exception of the Bi-FET devices
(356,357), all of these are slew-enhanced op amps. They feature an input transcon-

ductance that varies with level to produce rapid slew rates for large signals.

(13)

Unfortunately, the changing transconductance gives rise to a crossover type of dis-
tortion mechanism. Since, for small signals their slew rate capability is low,
they begin to produce distortion for relatively slow waveforms. As the speed and
amplitude of the input is increased, the performance of the device gets better, and
it is more capable of producing the required output. Thus at high slew rate inputs,
the distortion doesn't increase, it merely remains the same percentage as it was
under low slew rate conditions. We found that under varying input slew rate wave-
forms, the output spectrum of the slew-enhanced devices remained fairly constant,
only the relative magnitudes of the individual distortion products varied up and
down. Increasing the input slew rate caused some distortion terms to increase, and
some to decrease, but the magnitude remained fairly constant. It is interesting
to compare this behaviour with the leveling off of THD observed in the THD tests.

The BiFET devices also did not fit on the characteristic straight line, but
they suffer from a different type of problem than the slew-enhanced circuits.
The Bi-FET's only showed even order distortion falling on the square wave harmonics.
No other intermodulation products were produced as the slew-enhanced devices did.
The Bi-FET devices seem to alter the symetry of the waveform, indicating that some
kind of lop-sided non-linearity is in action. This theory is supported by the basic
slew rate of the 356 which is 11 V/uS positive and 27V/pS negative. The problem
experienced by the Bi-FETs is not inherent in all FET op amps, by any means. The
536, an older design, had DIM levels below the resolution of our measurement equip-
ment.

Devices which are capable of differing slew rates, such as the 2720 and 301A,
show TIM performance which improves as slew rate is increased. To examine the effects

of open loop bandwidth and the degree of feedback as design criterions for low TIM,

(14)



several specific tests were performed. The results of these are the spectrum plots
shown in figures 14, 15,

Figure 14 shows comparative performance for two different op amps for condi-
tions of 10V output and a 30kHZ band limit. The 0.8V/uS device (a 741) clearly
shows strong TIM, but the 10V/uS device (a 536) shows a spectrum which is indistin-
guishable from the input. Open loop bandwidth of both devices is less than 20hZ,
feedback is nearly 100dB at low frequencies, and GxBW is 1 mhz.

Figure 15 shows a performance comparison for 20V, 30kHZ band 1limit conditions,
with slew rates adjusted to 0.5,1.6 and 5V/uS using the 2720 device. It is clear
that TIM is reduced as the slew rate is increased. For these conditions, device
open loop 3dB bandwidth is for all cases less than 200HZ, and feedback is nearly
100dB at low frequencies.

It is apparent from these two tests and others made that the TIM test perfor-

mance is strongly effected by slew rate, just as is THD and IM. There is no directly

measurable or obvious sensitivity to open loop bandwidth. Gain bandwidth product
and loop gain (feedback) effect TIM performance, as they do THD and IM in that they
effect how close to slew limit one can work before distortion rises.

A further demonstration of how TIM behaves similar to THD and IM performance
is contained in Figure 16. This data is based on the common condition of a 30kHZ
band limit but with TIM plotted versus output amplitude. To show the similarity,
two different slew rate devices are used, 0.5 and 1.5V/uS. At low signal levels TIM
is at a very low level; as the output signal level is increased, TIM shows a rapid
rise, similar in behaviour to THD and IM.

Comparison of Tests

If these three test methods are compared on a common base, it is possible to

see a definite pattern in their behaviour. This is shown in Figure 17. For this

(15)

Different SR Devices, Top Curve 741

Comparison of TIM Performance,
Bottom Curve NES36,

Unity Gain Inverter,
Input SR = 3.2v/us

Figure 14

Amplitude

20 dB/div

20 KHz

Frequency
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FIGURE 17

figure, the horizontal axis is normalized in terms of the ratio of the signal slew
rate to that of the device. By this means it is possible to see just how the various
forms of distortion behave as the device slew is taxed, and also to indicate the
relative sensitivity of the three test methods.

The THD method shows the widest dynamic range of the 3 methods, and gives the
highest percentage distortion at umity slew rate (1%.) The anomalous slope for the
TIM test is due to our detection of some 2nd order low level non-linearities in
the 741 tested. This produced a 2nd harmmonic of the square wave which we were
able to detect in the output spectrum. Since the TIM distortion number is normalized
to the 15khz sine wave amplitude, and the square wave amplitude is 12 dB larger,
the distortion shows up a factor of 4 larger than it should. Our experiences showed
that it was very difficult to detect SID with the sine-square TIM test at slew rates
under 1/2 of the maximm.

Unfortunately, there is a serious problem with the sine-square test method,
which became apparent after evaluating some of the best op amp circuits. The prob-
lem concerns amplifier distortion products which are coincident with the even order
distortion products of the square wave generator. Theoretically, a square wave
should consist only of odd order harmonics of the fundamental frequency. Practically)
every generator has a very slight assymetry in its square wave output, which creates
small but definitely measureable amounts of even order distortion. Typical amounts
for a general purpose square wave generator are 50 to 60 db down from the fundamen-
tal. Thus, if one was measuring a very good amplifier that had only small even
order distortion products falling on the square wave harmonics, the true distortion
of such a case would be masked by the generator and therefore unmeasureable. The
conclusion might then be erroneously drawn that the amplifier was free from trans-
ient intermodulation distortion, when actually the amplifier was producing small

amounts of distortion below the threshold of measurement.
(16)



One might question at this point that any amplifier that would produce dis-
tortion products coincident with the square wave harmonics should also produce
other intermodulation products of comparable magnitude, that could be readily
measured. This simply is not the case and can be easily demonstrated, by testing a
356 or an 530A. Both of these amplifiers show only even order square wave products,
even at the severest slew rate test. To accurately measure these two devices, a
square wave generator with even order products down at least 90db is ;‘equired. In
this series of tests, this was obtained by carefully adjusting the symmetry of our
square wave generator at periodic intervals. Only when we reduced the generator's
even order distortion did we begin to see differences between the best op amp cir-
cuits, that typically had only even order distortion products. The magnitude of
these even order products for the best circuits were from 0 db to 6db greater than
the generator residuals, and in many cases required detailed comparison of the input
and output spectrum over several runs to verify that the products were in fact
actually there.

The two tone difference IM test is much more sensitive to even order distortion
than the sine-square test. Where it was difficult to detect distortion in the 356
with the TIM test, the IM test found it easily (Fig. 12.) It is probable that a two
tone IM test set up to look for odd order products would show superiority for find-
ing odd order distortion products. The main attraction of the TIM test is that it
allows a quick qualitative look at an amplifier's performance; if that is, one has a
spectTum analyzer handy.

THD evolves as the most desirable test method. It is sensitive and equipment
is common. But, when a limited bandwidth circuit is being evaluated, one must use
some form of IM test. It appears that maximm sensitivity can be obtained with the

use of only two tones to isolate a given product.

an

A very simple test to determine if an amplifier is approaching slew rate is
to look at the phase shift through the amplifier as a function of amplitude. The
phase shift of an amplifier should not depend on amplitude, only frequency. However,

when an amplifier approaches slew limiting the phase shift will change 29,

Imple-
mentation of this test is simple. Pass the highest frequency of interest through
the amplifier and monitor the phase shift as the amplitude is raised. If the
phase changes at large amplitudes, then SID is being produced. To date no work
has been done to evaluate the sensitivity of this test method for audio amplifiers
operated below the slew limit.

From this data it can be concluded that SID is a relevant factor and easily
measurable evidence of it is produced beginning (for low GxBW devices) at as low as
20% of the devices slew rate, or at a slew rate ratio of .2. High frequency THD is

a simple method of measuring SID.

Calculation of Slew Induced Distortion

Thus far, little has been said in the literature about how to calculate slew-
induced or transient intermodulation distortion. This is no doubt due to the complex-
ity of the problem, especially handling the frequency dependence of the amplifier
stages and the incorporation of feedback. There is however, a straight forward tech-
nique that can be used to find closed form expressions for every possible harmonic
or intermodulation distortion component. The technique involves forming a Volterra
Series to characterize the output as a function of some input variable (28), The
coefficients of the Volterra Series can then be used to find the magnitude and
phase of all distortion products. This technique has been widely used to predict
distortion in radio frequency circuits with a high degree of accuracy.

Unfortunately, it takes more time and space to explain the technique itself than

it does its application to a given problem. For this reason, we have decided not to

(18)



present a full analysis at this time. However, with appropriate assumptions and

simplifications, many useful features of the Volterra Series' technique can be used

to find approximate expressions for SID. These are conceptually easier to under-

stand and are quite accurate for relatively small distortion conditions.

Consider a 741 type operational amplifier, which can be broken down into two

basic stages, an input transconductance amplifier, and an integrating amplifier.

These are shown in Fig. 18.

The transconductance stage is assumed to be the dominant non-linearity and
consists of a symetrical saturating type of characteristic which is independent of
frequency.

The non-linear characteristic (formed by a double differential pair) is

modelled as a current source output Ai, for an input differential voltage AV, and

can be represented by equation (16]

ai = Ik tanhfav (16)
vt
where Vt = KT&26 M at 300 K
a,
Ik = bias current of stage

The graph of equation (1) is shown in Fig. 19.
Equation 16 and Fig. 19 differ from equation 10 and Fig. 26 in our previous

example because the 741 input stage has a pair of transistors on each side. Equa-

tion (16) in its present form will not allow closed form expressions for distortion.

It nust be expressed as a truncated power series with variable AV, to complete the

calculations. This is shown in equation (17).

tanhx=x—-X_3+....+ ..... a7n

3

Thus combining (16) and (17) we have

Ai=Tk tam[ﬂ ~ 1« [ v vy
W m)— m) 3+ ] (18)

(19)
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The first term in the power series is the desired linear camponent, and the cubic
term (and other higher order temms) form undesirable distortion products. Distor-

tion will eventually be calculated from (18) after making same additional necessary

assumptions.
The second stage in the 741, the integrator, is assumed to be ideal, and have

a gain characteristic G(f) which is proportional to 1/f. This is expressed by (19)

2 (19)

G(f) = '
The 1r/2 phase shift is neglected in (19) since only the magnitude is needed for the
distortion calculation. The constant Kz is determined by the overall gain of the
canposite amplifier which must be approximately unity at a frequency of 1 Meglz to

make our circuit model represent the performance of a real 741 type op amp.

The actual gain characteristic of a 741 op amp is suammarized by the Bode

plot in Figure 20. For most audio frequency calculations, it is convenient to

neglect the low frequency pole at 10 Hz, and to assume infinite dc gain and a

constant gain-bandwidth product. This has a negligible effect on calculations
since distortion is only affected by the magnitude of the gain bandwidth product.
The open loop gain for this approximation is specified by equation (20)

A 6
;. _ out _ 10
open loop gain = -——AV =5 (20)

By cambining equations (20), (19) and (18), the constant K2 can be expressed

in more familiar termms. At a frequency of 1 Megliz we have:

vout gain of gain of
——= =1 = |transconductance integrator

v stage
t | 10
av
K, = TEE X 106 (22)
av, X 108 1
X+ (23)

And thus G(f) = T
(20)
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The 741 type op-amp that has been developed thus far, is now placed in an
inverting gain configuration with resistive feedback components. The feedback net-
work is assumed to be linear and independent of frequency. The circuit used for

distortion calculations is shown in Fig. 21.

In this circuit, a feedback factor H can be specified as a function of R} and R;
H=_R
R; + Ry (24)

Since the closed loop gain is equal to Rz/R;, we have

R = 1 (25)
Rl + RZ 1+ 'G'

H =

For inverting gains of 1, 10, and 100 the factor H is 1/2, 1/11 and 1/101, respec-
tively.

Additional assumptions that must be made to simplify calculations are:

1) Small distortion conditions exist (¢1%.) This enables a power series
expansion of the transconductance non-linearity.

2) The distortion only consists of odd order products because of sym-
etry, and because of 1) the distortion is dominated by third order
tems.

3) The distortion is reduced by the magnitude of the loop gain at the
frequency of the distortion product.

A hammonic distortion analysis will be developed here to compare with
measured data, although an intemmodulation analysis could also have been pur-
sued. The final result will solve for hammonic distortion (which is dominated
by the third hammonic) as a function of output voltage level, frequency, and

feedback factor (or closed loop gain.)

(21

The following method will be used to solve for hammonic distortion. First,
an output level Vo, and frequency f will be specified. Then using (20),AV
will be calculated and used in (18) to find open loop distortion. Finally the
loop gain will be computed and used to predict the closed loop distortion.

For a sinusoidal output voltage of Vo cos 27ft, we can compute AV from

(20)

AV = Vo cos 2 ft (26)
|10g7£$ .

If this AV is substituted into (18) and simplified, the resulting equation

will show an open loop distortion ratio of:

v ) 2
magnitude of 3rd hammonic _ ( . Distortion - 1 ( Vo f 27
magnitude of fundamental 2 (open loop) = 1Z ave X 105 (27

The open loop distortion is reduced by the loop gain at the third hammonic
frequency, 3f, and by the integrator frequency response which attenuates the

third hammonic by a factor of 3. The loop gain at frequency 3f is

6
. _[ix avy X 108 10
loop gain '(W;) X (——t——f-—lk 3 XH=3H (28)

Therefore the closed loop distortion is

2
1_( Vo £
distortion _ distortion (open loop) . 1| 12 \4Vf X 105,
(closed loop) = Toop gain 3 (106 H (29)
3f
THD (3rd) = vo?_£3 vo? £
SETrrrry grmaery i
12(4Vy)“ H X 10 Tz’ (0
(22)




Equation (30) shows that harmonic distortion should vary directly with
the cube of the input frequency, directly with the square of output voltage,
and inversely with the feedback factor H. In order to test the accuracy of
this equation, calculated data for distortion was compared directly with
measured THD data from a 741 amplifier. Figures 22, 23 and 24 compare cal-
culated and measured distortion for a constant amplitude, swept frequency
test condition, for three values of feedback factor H. Figure 25 compares
calculated and measured distortion for a constant frequency, swept amplitude
test condition, also for three values of feedback factor. The agreement is
generally good and is excellent for the swept frequency tests. At lower dis-
tortion levels, the agreement deteriorates due to measurement resolution
limits. At higher distortion, the agreement deteriorates due to large dis-
tortion conditions; that is, the fundamental assumptions in developing the
calculation are violated. The anomalous behavior of the G = 100 test results
are due to a low closed loop bandwidth of 10KHZ, and the absence of loop
gain at these frequencies. Figure 25 also indicates same form of crossover
distortion that dominates at low signal levels, and masks the true distortion
characteristics. It should be clear from all the figures that increasing
feedback reduces distortion.

The demonstrated accuracy of equation (30) in predicting harmonic dis-
tortion in a 741 amplifier, leads to some powerful conclusions concerning
slew-induced distortion.

1) It means that slew-induced distortion can be modelled and calcu-

lated using straight-forward harmonic distortion techniques.

2) It emphasizes that there is nothing new, unique, or mysterious about

slew-induced or transient intermodulation distortion.

(23)
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3)

4)

5)

6)

It shows that slew-induced distortion is increased by the sharpness
of the non-linearity and decreased by higher gain-bandwidth products
and larger feedback.

It demonstrates that since the slew rate of a constant amplitude

sine wave is proportional to its frequency, that slew-induced dis-
tortion (or transient intermodulation distortion) should vary as

the cube of the input slew rate. This is confirmed by the data in
Figures 13 and 17, that show the variation of TIM with slew rate is a
cubic relationship.

It indicates that since distortion can be predicted up to 85% of

the intrinsic slew-rate limit of the device, that slew-induced dis-
tortion (or transient intermodulation distortion) is inextricably
tied to the devices' slew limit. Those factors which cause signals
to tax the slew capability of the amplifier, also increase distortion.
It shows that increasing a device's slew capability, without adding
additional non-linearities, will reduce slew-induced and transient

intermodulation distortion.

Present TIM theory suggests that feedback increases distortion. Our

measurements and calculations show that, at least for signal conditions below
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the slew rate limit, that feedback reduces distortion. Actually the truth lies

somewhere in between.

Increasing feedback reduces distortion provided the amplifier is operating

below its slew-limit. For signal conditions above the slew rate limit, Figs. 22,
23, 24 show that more feedback will increase distortion. TIM measurements show
this same pattern of feedback improving distortion below the slew limit and

degrading it above the slew limit.

(29)



Listening Tests

‘These IC%s ‘were auditiened in.a (kid¥ening test -to :2ssess the degree of
@morrelation between the various forms of electrical :tistortion.and audible
defects. TThese tests were done :in.mono, ’in:An inverting .configuration simi-
lar to .Figure 2. To'sensitize the 'test for SID however, the test .device was
preceeded by a preamp to drive it i#o near full :scale output :with :program
material. ‘The-output was ‘then scaled.down and level matched with-the original
input to within 0.2dB. -A-B .tests we then conducted on each IC to:.determine
audible degradation.

The .results of this test indicate that not only can SID be detected
audibly, :but that the ear is sensitive to:very low levels of distortion. The
results c«af these tests are summarized in Table 1, which also indicates the
relative.quality weighting.

‘A" ilevel quality is that .indistinguishable from the source on the most
difficult high frequency program material. In general devices of -over 4V/pS
slew mates fit into this category. 'Exceptions were some (but not all) slew
enhanczed .devices, and the assymetric devices.

There are two broad categories of audible SID, one which can be associa-
ited.with the approach of slew limiting, Category I; and ope in which slew limit-
ing actwdlly occurs, Category II. The:amdible characteristic of the two are
.deterioration, and gross. distortien, respectively.

(Category II distortion:will oceur :rélativély infrequently on nomadl :pro-
cgram.material if the device ‘slew rate .is above:0Q.5V/uS. However, ‘Category I
distortion is.possible in many instanges.and adjectives used to desoribe it
have ‘been seen :in print often.

‘Design Guidelines

Some ‘sensible design quidelines ibegin to wmerge from ‘this:work. The pri-

:mary one is speed-faster.amplifiers.are generally better. There are two

@)

Table 1

eferred to full odtput of #10V)
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aspects to speed: bandwidth and slew rate. In general they tend to go up
together. It can be confidently stated that raising an amplifier's GxBW, or
Wu is desirable. The reason is that at any given frequency (neglecting D.C.
and very low frequencies) the loop gain of the amplifier will be higher and
more feedback related distortion reduction will take place, which lets one
work closer to the slew rate limit.

It has also become apparent that higher slew rate is better, but some cau-
tion is required. Since slew rate is determined by the dynamic range of the
non-linear input transconductance amplifier, it is important that high slew
rate not be achieved at the expense of linearity. Some devices do achieve
high slew rate at the expense of linearity. The slew-enhanced devices such as
the 535 and the assymmetrically slewing 356 are examples of this. These
devices are inherently incapable of performing as well as devices with more
linear input stages. Emitter degeneration is an example of a technique that
allows higher slew rate while at the same time linearizing the input stage.
The 318 is a good example of this type of amplifier. FET input types are
also excellent, provided they are symmetrical. A good example is the 536. For
the same transconductance, FET input stages are linear over a much larger
range than bipolar input stages.

To restate these design criteria, we primarily want an amplifier which is
linear for large input signal (4V) levels. This gives us high slew rate and
low open loop distortion. Secondly, we would like this amplifier to have as
high a unity gain bandwidth (GxBW or wu) as possible, so that when we apply
feedback, the loop gain will be as high as possible for distortion reduction.

The loop gain determines how close we can operate to slew limiting before

(26)

distortion begins to rise.

Some previously discussed design criteria for low TIM 3,4,7,9 such as the
use of low feedback, low open loop (D.C.) gain, and a high open loop pole
frequency (o) have no basis in fact or theory. More feedback increases the
loop gain and reduces distortion. The location of the open loop pole @o) is
of little significance to audio designers, and it does not have to be placed
at a frequency above 20 KHz for superlative performance to be obtained. Our
measurements support these statements.

From all of the above, it seems appropriate to adopt a new form of slew
rate criteria for audio circuits. From the four series of tests (THD, IM, TIM,
listening) this would be a criterion which specifies a minimm slew rate with
regard to the maximum output voltage level in use. The criterion is:

"The circuit, including all possible loading conditions, should
posses a slew rate of 0.5V/us (minimum) to 1V/ps (conservative) per
peak output volt."

Application of this simple criteria will result in negligible SID, either
electrically or audibly if the slew rate is symmetrical (+ 20%) and the input
stage has a smooth transfer characteristic (unlike the slew enhanced types.)

If large signals outside of the audio band are expected, it is wise to pro-
vide filtering to keep these signals out of the amplifier loop.ll Otherwise
these signals may cause the amplifier to approach its slew limit and generate
SID.

Conclusions

One major result of this study is a much more clear assessment of the
true behaviour pattem of operational amplifiers. Distortion has been analyzed
qualitatively, quantitatively, and theoretically. This information can be

applied by designers

(€))]



without the fear of violating arbitrarily contrived design rules relating to

open loop D.C. gain or feedback factors.

Another major result is that tests for slew rate and SID are not only

appropriate for audio gear, they are absolutely essential. Hopefully these

terms will soon appear in both product specifications and test methods, rather

than such terms as TIM, which are not only misunderstood, but technically

incomplete and creating a great deal of confusion in the popular press’

9,32,33,34

with but a rare example of understanding 31,

There is nothing ''transient' about SID. It will occur continuously with

steady high frequency tones.

The fact that this distortion occurs in musical

transients is due to the nature of the signal, and not the distortion mechanism.

As a final point, we feel there is still much to be learned about dis-

tortion mechanisms, measurement techniques, and perception. We consider this

study but one step in that direction.
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An Overview Of

Walter G. jJung, Mark L. Stephens, and Craig C. Todd

PART I

In this series of articles we
hope to shed useful light on
the high-frequency perfor-
mace of amplifiers. Modern
operational amplifiers and cir-
cuits of similar topology have
an inherent Slew Rate (SR) lim-
it, and they will produce dis-
tortion as the output Signal
Slope (SS) approaches this lim-
it. We refer to this distortion as
Slew Induced Distortion (SID).
If an amplifier is driven into
slew-rate limiting gross distor-
tion will be produced. This

Sometimes this equation
may be seen written in terms
of slew rate (SR)
[20,21,22,29,30,54), however
we wish to clarify the point
here that signals in themselves
have no inherent slew limit, or
maximum allowable slope, as
do amplifiers. Therefore, we
will use the terminology of SS
to describe the slope of a sine-
wave (or other) signal and SR
to describe the slew rate of an
amplifier. Note that this is an
important distinction, as an

is analogus to driving an amplifier into amplitude clipping,
which also produces gross distortion. The distortion pro-
duced by driving an amplifier towards slew-rate limiting has
also been described as Transient Intermodulation distortion
(TIM) [3,8,9,17,18,51,56].

Until recently [33,34] there has not been a thorough study
of this distortion. Therefore, this series is intended to be a
comprehensive overview and explanation of SID. We will
explain how and when SID is produced by an amplifier, and
measurement techniques for and typical measurements of
this distortion will be described. The results of a listening test
for SID will be discussed, and the results of a theoretical
calculation of SID in a 741 op amp will be shown and com-
pared with measurements. Some reasonable design criteria
will also be reviewed. Above all, we will attempt to give a
good overall perspective of this subject so that the reader will
beableto judge its relevance to his or herown situation.

Before discussing how SID occurs within amplifiers, it is
necessary and appropriate to first consider how the slew rate
itself is related to an audio signal. A sine-wave audio signal
has definite and measurable parameters, namely its ampli-
tude and frequency. However, a somewhat more subtle
parameter (and one germane to this issue) is the slope of the
signal, as is determined by its amplitude and frequency. A
simple relationship which defines the signal slope (SS) of a
sine wave is the equation

SS = 2mVpf (1)
where Vp is the peak signal voltage, and f its frequency.

Portions of this article are adapted from “Slewing Induced Distortion in
Audio Amplifiers” by the authors in The Audio Amateur, Feb., 1977 (P.O. Box
176, Peterborough, N.H. 03458), part of an article series which is available in
book form. Portions were also adapted from the authors’ article “Slewing
Induced Distortion — Its Effect on Audio Amplifier Performance, with Corre-
lated Listening Results,” Audio Engineering Society Preprint No. 1252 from the
May, 1977, convention. (See bibliography references nos. 33 and 34.) © Copy-
right 1979 by Waiter G. Jung, Mark L. Stephens, and Craig C. Todd.
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amplifier has a defined SR, which is (by very definition) its
maximum output-voltage rate of change, or slope, as set by
its design. It is a defining performance limit for that amplifier,
just as power output is (or any other basic performance
parameter, for that matter).

The reader should note that this equation may be manipu-
lated into an expression in terms of a frequency (f), for a
given signal slope and peak voltage; for instance:

f=SS/2mVp. (2)

When the relation is thus used, and the particular SS under

discussion is the slew rate limit of a given amplifier and Vop
its peak output voltage, it would appear as

fp=SR/2mVop. (3)

This expression yields a power bandwidth, fp, which is
determined by the amplifier SR and the peak output voltage,
Vop. Generally, fp is understood to be the bandwidth for a 1
percent THD limit. Note that fp is directly proportional to SR
and inversely proportional to Vop. The practical significance
of this is that high output-voltage amplifiers require more SR
to maintain a given distortionless bandwidth.

Also, an important distinction to be made is that power
bandwidth defines an entirely different form of bandwidth
than does the more familiar small-signal bandwidth, and the
two terms should never be confused. Exceeding the power
bandwidth of an amplifier causes gross distortion; exceeding
its small-signal bandwidth results only in a frequency re-
sponse rolloff [37].

SID and TIM
Which is Which and What Do They Mean?
Unfortunately, many of the popular explanations serve to
confuse rather than clarify the issue, and this short preparato-
ry discussion will, we hope, clarify some of these points to
the reader.
“TIM” stands, of course, for transient intermodulation
distortion, sometimes called simply “transient distortion.” If
this name is taken in a literal sense, it implies a distortion



Fig. 1 — Mixed square/sine output from amplifiers
with and without TIM. General conditions: 5-kHz
square wave and 40-kHz sine wave. Fig. 1a — Strong
TIM, sine wave missing on waveform transitions,
slewing evident. (Scale: 10 V/div.) Fig. 1b — Little or
no TIM, waveform is a linear sum of sine and square
waves. (Scale: 1 V/div.)

Fig. 2— Amplifier square-wave responses with and
without slew limiting. Fig. 2a — Slew limiting (10
kHz, 10 V p-p). Fig. 2b — No slew limiting (10 kHz, 1
Vv p-p).

mechanism which produces intermodulation when subject-
ed to transients. A point to be noted is that if the term were
understood literally, this would imply transients of both high
and low frequencies and/or high or low operating levels.
In other words, all transients.

In actual practice, however, transient IM occurs only for
signals with simultaneous high level and high frequencies —
not lower levels or lower frequencies. The key parameter of
such signals is that they are characterized by high signal
slopes, not just high frequencies or high levels. Neither high
frequencies nor high levels in themselves necessarily result
in distortion, unless their combination is such that a high
effective SSis produced.

High SS waveforms are not confined solely to transient
waveforms. It just so happens that musical signals which ex-
hibit high signal slopes more often are transient in nature —

Fig. 3 — Inter-relationship of amplifier response,
feedback, and SID. Fc is the small signal bandwidth
which varies for different gains. Fp is amplifier full-
power bandwidth which is independent of gain (for a
given output level).
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a fortissimo cymbal clash, for instance. Thus, TIM is probably
a descriptive term for the distortion as it occurs on musical
waveforms, but the term is not totally descriptive of the dis-
tortion mechanism itself [33,34,44,52].

TIM is actually generated when the SS approaches or ex-
ceeds the amplifier SR. Thus, a more easily understood term
as to what actually happens would be one which relates both
to SS and SR. In an amplifier, distortion is produced when the
output voltage SS approaches or attempts to exceed the SR,
as the amplifier limits (clips) for such a circumstance. This
can happen for either transient or steady-state signals [33,
34, 52] if they have a sufficiently high SS. Thus we feel a more
descriptive term to describe the mechanism is Slew Induced
Distortion [33, 58] as it is distortion induced either by the
onset of or actual slewing. Other descriptive variations of this
terminology are seen in print, such as “slew rate distortion”
and “slewing distortion,” and mean essentially the same
thing [11].

Effect of Excessive Signal Slope
On Amplifier Performance

A demonstration of the sensitivity of amplifiers to SS is
contained in the two waveform photos of Fig. 1. Figure 1a
shows a mixed square/sine wave signal combination, where
the level and risetime of the square wave are such that the SS
is greater than the amplifier SR. For this particular output
voltage, then, slew limiting is produced on the square-wave
edges, causing the momentary disappearance of the sine
wave. Note in particular the square wave transition in the
center of the screen. This is, of course, a strong case of TIM,
which is induced by the condition of slewing.

In 1b, the same signal is shown at a reduced level, and, as
can be noted, the slew limiting is gone, as the waveform
indicates simply a linear sum of the sine and square wave.
The point being made here is that the distortion is not being
caused so much by the transient as it is by the high SS (in Fig.
1a). Thus, it should be appreciated (in a qualitative sense)
that SID (or TIM) is a distortion which is level sensitive in
terms of both amplitude and frequency (since both affect
SS). :

This factor is demonstrated in another way by the square-
wave response photos of Fig. 2. In Fig. 2a, a 10V p-p square
wave is shown, and, as can be noted, the amplifier is slewing,
as evident by the linear rising and falling waveform edges. In
2b, the waveform is at a lower level, and here the square
wave is reproduced without slew limiting. This is evident by
the exponential shape of the waveform edges, which is an
indicator that the amplifier is operating linearly [15,36,37]. It
is in actuality operating as a low-pass filter, as is defined by
its small signal bandwidth, fc.

A square wave passed through a single-pole filter will ex-
hibit the general waveform shape of Fig. 2b, and such a
waveform at the output of an amplifier is a qualitative indica-
tor that no slew limiting is present. At progressively higher
voltage-output levels, slew limiting may set in (as in 2a), and
the waveform then takes on the ramp-like slopes
(15,37,50,63].

This is incidentally an excellent check to make on an am-
plifier if possible, increasing output square waves. If the ex-
ponential waveshape holds true for increases in level up to
the rated output, the amplifier is behaving optimally, as it
cannot be made to slew for any realistic signal conditions
[11,43]). For this to be true, the power bandwidth must be
greater than the small-signal bandwidth [45] which in turn
says that the amplifier is guaranteed free from internal over-
load due to excessive SS. An amplifier can be designed for a
defined small-signal bandwidth either by use of an input
low-pass filter or appropriate feedback connections to cons-
train output SS below the SR. Further details of this from a



Fig. 4 — Relative relationship of fc and fp, and the resulting

effect on SID. General conditions: 5 kHz square wave, 20V p-p.

Fig.4a —Fc, >fp;
slewing evident.

Fig. 4b — Fc; = fp;
some slewing on highest SS.

Fig. 4c— FC3<fp;
no slewing evident.

references

in several
[11,43,45] and are also discussed later on.

design standpoint are contained

The Effect of Feedback on SID

One of the popular explanations for the cause of TIM and
SID is said to be excessive negative feedback used around
audio amplifiers [3,4,6,7,8,9,10,13,48]. In fact, this appears to
be one of the more volatile parts of the issue, even to the
extreme that already there have appeared statements in the
literature calling for maximum feedback factors on the order
of 12 dB and amplifiers advertised as having ““zero feedback.”
The general argument advanced is that increasing negative
feedback increases the susceptibility to TIM, and optimum
feedback factors are said tobe on the order of 30 to 40 dB.

It is interesting to consider how -changes in feedback will
affect the performance of an amplifier. There are certain as-
pects of the “less feedback is better” school of thought
which have definite merit, but the entire situation must be
considered for a true and complete perspective.

Consider a fixed gain-bandwidth amplifier open-loop
response, as illustrated in Fig. 3. This amplifier has a unity-
gain frequency of T MHz (such as a 741) and a full-power
bandwidth of 10 kHz (at full output). Suppose we examine
its susceptibility to SID for gains of 20, 40, and 60 dB, and at
full output level. The small signal bandwidth (fc) for these
three conditions will be 100 kHz, 10 kHz and 1 kHz, respec-
tively [30]. However, for each condition of feedback, the full-
power frequency (fp) remains at 10 kHz. Then, for the 20-dB
(heavy feedback) gain condition SID is definitely possible,
for output frequencies of 10 to 100 kHz. For 40 dB of gain, fc
is equal to fp, and slight SID is possible. For 60 dB of gain, fc
is less than fp, so SID is not possible.

A demonstration of this is contained in the photos of Fig. 4,
taken from an IC op amp operating fairly close to the condi-
tions of Fig. 3. For this device fp is 17 kHz, and Fig. 4a shows a
square wave for the condition where fc is greater than fp;
slewing is evident. In 4b, fc is equal to fp, and some slewing
is noticeable at the initial rise of the square wave where SS is
highest. In 4c, fc is less than fp and no slewing is evident. In
all three instances, the experiment follows what the Bode
diagram predicts.

The reason that slewing is not evident for the high-gain,
low-feedback condition is because the amplifier output SS is
severely curtailed, due to the very low small-signal
bandwidth. This is another demonstration of the point made
above that slewing can be prevented by making fc less than
fp. For a fixed gain-bandwidth amplifier, as just demonstrat-
ed, this generally says that less feedback can prevent or re-
duce susceptibility to TIM or SID, as it reduces fc in relation
to fp, or lowers the output SS in relation to amplifier SR. This
is however hardly the optimum manner to arrive at this
objective, as it will most certainly result in a generally noisier
and more distorted amplifier, as well as possibly insufficient
bandwidth. If fc is to be maintained less than fp, it should be
done by another method, obviously.

Another view on the “less feedback is better” argument is
to consider an amplifier which is compensated (optimally)

for a higher gain (less feedback) condition. Due to funda-
mental feedback stability criteria, such an amplifier will have
proportionally lesscompensation capacitance necessary. The
smaller capacitance for less feedback then allows a higher SR
to be realized by the amplifier, and so it is less susceptible to
TIM or SID, as it can now handle greater SS waveforms
linearly. In this case, the improvement is an indirect result of
less feedback, a point which should be appreciated fully — it

_ also results because the SR is raised.

These points are somewhat subtle, and we do appreciate}
that a fair amount of semantics are involved in the discussion;
which accompanies this issue. There are, however, several
key points which are clear and should be made.

Since the limited SR is the cause of the distortion, it follows’
that design means which improve amplifier SR will lower dis-
tortion as a general result. (While this is generally true, there!
are notable exceptions, such as slew enhanced devices,
which will be discussed later.) Feedback is certainly involved.
in the overall issue, but intimations that there is a fixed magi-:
cal upper limit to feedback factors have no sound engineer-
ing basis to our knowledge. Given sufficient SR (and an oth-!
erwise linear amplifier), there is no inherent reason why 60 to!
80 dB of feedback is not allowable [33,45,47,52]. The ultimate*
stability limit will, in practice, confine it to less than this as a:
natural consequence of usable gain-bandwidths, at least at
audio frequencies.

Another part of the semantics issue comes to play with the ;.
argument that less feedback in combination with a more lin-".
ear open-loop characteristic is desirable towards prevention
of TIM. Essentially this is true, because without a high degree -
of overall feedback, less compensation (if any) is needed, -
and SR goes up as a result. However, local feedback around
a stage is still feedback, and if bipolar transistors are used, it ;-
hardly seems possible to get truly excellent open-loop linear-
ity without a lot of feedback, since their voltage transfer is - -
basically exponential. So the argument should perhaps be
oriented towards a closer definition of what kind of feed-:
back, as well as its degree.

To get back to the more conventional amplifier, the pomt
has been made that it is SR which is the fundamental predic-
tor of SID (and/or TIM), and amplifier improvements which
increase SR generally lower SID (and TIM).

The remaining low TIM criteria, wide open-loop amplifier
bandwidth, involves semantics also. Taken literally, an open-
loop bandwidth of 20 kHz (as commonly specified)
[1,2,3,4,6,7,8,10,14] will be interpreted to mean 20 kHz small
signal bandwidth. What is really important is a 20 kHz (or
more) power bandwidth, which will minimize or eliminate
slew limiting [33,34,39,45,52].

Amplifiers can be designed for 20 kHz (or more) open-loop
bandwidths, but often with a severe penalty of low-frequen-
cy linearity and gain accuracy [40,45]. By results from several
different forms of tests, there appears to be no fundamental
necessity for a wide open-loop small-signal bandwidth, given
a power bandwidth sufficient to eliminate slew limiting. Sev-
eral specific test results discussed later on clearly demon-
strate this point.
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Analysis of
The Slew-Induced Distortion Mechanism

It is of fundamental importance to understand the various
distortion sources in amplifiers, such as the SID mechanism
of interest here. In this discussion we will mostly deal with
operational amplifier circuits, but since many present-day
power amps are of similar topology and are subject to similar
physical laws, the discussion and data will be relevant to
them as well. .

Figures 5a is an idealized model of a typical operational
amplifier [20,21,22,24]. Its input’stage is a voltage-to-current
converter or transconductance stage, characterized by the
parameter gm. The output current of this stage (Ai) is simply

Aiy=gnAV . (4)
The second stage of the amplifier is an integrator, with an
output voltage (Vo)

Vou=gm fAV(.)dt. (5)
C

The resistor R is responsible for the finite d.c. gain of the
amplifier. At low frequencies the open-loop gain is

Ao=gR. ‘ (6)
The open-loop frequency response begins dropping (Fig. 5b)
at a frequency

wo=1/RC. )
Since for audio circuits we have no great interest in the am-
plifier gain at d.c., it is much more convenient to neglect R
(as in equation 5) and work with the unity gain bandwidth

(wu) which, due to the integrator’s -6 dB/octave response, is
equal to the gain bandwidth product.

WU=A )XW (8)
=A, wo=gm/c-
Referring to equation 5, we have
Voy=wu fAV(.)dt. 9)

Thus, for an amplifier with a six dB/octave frequency
response, the amplifier can be characterized simply by its
unity-gain bandwidth or gain-bandwidth product. Our next
step is to examine the differential input voltage as a function
of the output voltage. Differentiating equation 9 we have
1 dVog.
BVo=gy

This highly important result clearly shows us that the instan-
taneous differential input voltage of an amplifier is directly
proportional to the slope of the output voltage, with 1/wu.as
the constant of proportionality.

If we now look at an actual amplifier, we will understand
what SID really is. Figure 6a is a very simple real .amplifier
which will serve to demonstrate this. Q1 and Q2 ‘are the
differential input pair, and Q3-Q4 form a current mirror. This
Q1-Q4 stage is our transconductance amplifier with a trans
conductance of

(10

gm=|k/2VT ) (11)
where Vi=K;/q (26 mV at room temperature). Q5, with its
current source load |, forms our integrator, in concert with
C. We will neglect the finite d.c. gain produced by R,
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Fig. 7 — Amplifier R2

with feedback.

®
e AAN—4
VIN

av —— Vo

'

inasmuch as it has no bearing on wu (see above). Ideally the
gm stage output current (Ai) is
Aiy=8mAV =l (AVy)/2Vr. (12)
However, this is only true when AV is small. The exact trans-
fer expression for this input stage is [23].
Aig=Ix tanh (AV(/2V7). 13)
As this expression shows, the transconductance stage is linear
only for small signals, and thus will produce distortion for
high output currents, when AV is large. Equations 12 and 13
are plotted in Fig. 6b and illustrate this point more clearly.
The maximum output current (limit) from our input stage
is I. This determines the maximum rate of change of V,,
which is the slew rate of our amplifier. This is simply

SR = |k/Cl (14)
How close we are working to the SR is
Ssoutpul/SR Al/lk (1 5)

This relation is one important and useful, as W|I| be seen. The
ratio SS/SR we will here define as the slew.rate ratio (SR
ratio), which relates the output SS to the amplifier SR.

This ratio is easily measurable from outside the amplifier
with a differentiator,

Ai/l = (1/SR)(dV,/dt). (16)

Figure 6b graphically tells us that operating with a SR ratio
>0.25 (or Ai>0.25lc) will produce some obvious distortion.
This is equivalent to saying that operation at greater than 25
percent of the amplifier's SR will produce distortion. This
distortion depends solely on the SS of the output, hence our
use of the term “Slew Induced Distortion.” The amplifier is

Fig. 8~ A 748 op-amp operating under various
conditions detailed in the table.

producing distortion by being forced towards its SR limit; the
distortion is slew induced.

So far we have been talking only of the amplifier with no
mention of feedback and we have been discussing the open-
loop performance. Amplifiers are rarely used open loop, so ~
we must turn our attention to the effects of feedback on
amplifier performance. An important point to keep in mind
as we discuss feedback is that feedback networks are placed
around an amplifier and have no direct effect on its internal
performance. Feedback alone will not effect the validity of
any of the equations developed above. It will, however, un-
der certain signal conditions, cause these relationships to be
taxed, creating a SID-producing situation. This statement will
become more clear with subsequent discussions (if not al-
ready so from the preliminary discussion).

As is well known, feedback reduces distortion. Let’s take a:
qualitative look at how this happens. A simple feedback net-
work has been placed around our amplifier in Fig. 7. The
differential input voltage is

V = (VinR2+VoR1)/(R1+Ry). (17)
This is the error voltage which we would like to be zero, but
it will be non-zero if V, contains a gain or phase error, or
distortion. If we operate the amplifier near its slew limit, we
know that the amplifier transfer characteristic is very non-
linear (see 6b). The feedback will reduce this non-linearity
from Vi to Vo, but it will necessarily still exist from AV to
Vou. If the feedback is doing its job and producing a relative-"
ly clean signal at Vo, then it follows that the signal AV must
be distorted. The distortion of AV must be of the proper
magnitude and phase to compensate for the amplifier’s inter-
nal nonlinearity, if it is in reality reducing distortion. A quali-
tative insight of this is contained in the waveforms shown in
Fig. 8. These are pictures of the performance of a 748 op amp,
compensated to unity gain by 30 pF and operated as shown
in Fig. 7. The amplifier had the following performance (mea-
sured before the experiment):

f|=wt/2"

=1.5MHz
SR = +0.97, -0.91 V/ yS.

Table | —
Operating conditions for 748 op-amp.

Gam SS.V/uS. THD,% Trace1 Trace 2
+).8 0.05 Vin AV
5V/div. 0.1 V/div.
+1.2 3.5 Vin V out
5V/div. 5V/div.
+1.2 35 Vin AV
5V/div. 0.5 V/div.
+0.8 0.56 Vin AV
5V/div. 0.1 V/div.
1.2 41 Vin AV
5V/div. 0.1 V/div.



The amplifier was operated at its full rated output swing of 20
V p-p. Two test frequencies were used, 12.7 kHz and 19.1
kHz. At 20V p-p (10V peak) these frequencies produced sig-
nal slopes of +0.8 V/ uS and *1.2 V/ uS respectively. These
two frequencies were applied to the closed-loop amplifier,
for signal gains of 1 and 10. For either gain condition, the
output was a visibly clean sine wave for the 12.7 kHz, #0.8 V/
uS signal (not shown). However, the 19.1 kHz, 1.2 V/ u$S
signal drove the amplifier into slew limiting, and this is
shown in Fig. 8b. The output slewing waveform was visibly
the same for either gain. Table | summarizes and identifies
the conditions and results shown.

The important point to note from this is that the op-amp
input, AV, becomes highly distorted in an attempt to linear-
ize the response of the closed-loop amplifier. In 8a and 8d,
for example, AV is just beginning to become non-linear, but
is still relatively low in level. As the maximum slew rate is
exceeded, this process breaks down and the error voltage
abruptly increases, as can be noted in 8c and 8e (note the
different scale factors for AV). Operation at the lower gains
(more feedback) yields lower distortion operation, and al-
lows low-distortion operation closer to the slew rate limit.

There is nothing particularly unique about SID in audio
amplifiers. It ‘can be measured, calculated, and improved
upon by using standard techniques that have been available
for some time [57]. The only elusive aspect of this form of
distortion is that rather than occurring on a peak magnitude
(like clipping), it occurs on the rising or falling edge of the
waveform, when the SS approaches or exceeds the amplifier
SR. This is due to the fact that the dominant non-linearity in
the circuit, the transconductance of the input stage, is fol-
lowed by an integrating stage. Thus in Fig. 5, if the transcon-
ductance stage were overloaded and producing clipped
square waves of current output, the integrating stage would

transform these square waves into triangle waves at the out-
put. The triangle wave is the ultimate example of gross slew-
ing distortion, and its presence is a visible verification that
the amplifier is operating open loop during the slew
interval(s).

Although slew limiting is most often encountered in am-
plifiers due to internal 1C relations, such as have been just
described, it can also occur due to output-current/load-capa-
citance rate limiting, with the end effect being similar [33,34].
This type of slew limiting can occur for example in RIAA-
equalized preamps which cannot adequately charge fre-
quency-shaping capacitors [33,41] or power amplifiers which
cannot drive capacitive loads due to protection circuitry [33].

The distortion products produced by SID are measurable
either by methods of THD [16], two-tone high-frequency IM,
or TIM [14,33,34,51], and in all cases they become significant
as the amplifier's inherent SR is approached by the output
signal slope. ’

Representative results from these test methods are dis-
cussed in Part Il of this series. In this next installment, sample
data from different types of distortion tests are presented
consisting of total harmonic distortion (THD), two-tone-dif-
ference intermodulation distortion (IM), and the recently
proposed test for TIM [18]. Some of the relative merits of
these measurement techniques will be discussed, and it will
be seen that while they are all useful to the detection of this
distortion, there are differences in sensitivity and practicality
between them. Generally speaking, low-frequency distortion
tests such as 1-kHz THD, or 60-Hz/7-kHz (SMPTE) IM tests
are useless for detecting SID, since the signal slope is not
sufficiently high. An interesting outcome is that IC op amps,
long viewed with suspicion by many, are actually capable of
truly superlative performance when properly operated below
their slew-rate (SR) limit.
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Part II—Testing

A desirable object for the
study of SID is to develop a re-
liable and predictive test meth-
od (or methods) for the pres-
ence of this distortion. With
our studies, this objective was
generally met, and good corre-
lation was observed among
several different means of
measurement and theoretical
calculations [33, 34]). These
electrical test methods also ap-
pear to correlate roughly with
listening tests made on the
same devices. The results of
these different tests made on a wide variety of IC op amps are
described in this part.

THD Tests

It has been often reported that THD test methods are gen-
erally insensitive to the detection of TIM distortion [8, 9, 18,
49, 64]. In actuality this is only true for insufficient (or fixed)
signal slopes, i.e. when SS<SR. This factor will be demon-
strated in the discussion below. A 1-kHz spot-frequency
THD test is an example of a test which is (typically) either too
low in SS, or if fixed in level, not dynamic at all. An example
of a dynamic test in terms of SS is one which moves the SS
of the test signal up to and through the amplifier SR; i.e.
where the SR ratio is forced to reach and pass unity. It must
do this, of course, without amplitude clipping of the output
signal, which implies a swept frequency test.

In practice, a relatively straightforward means of exercising
an amplifier for SID (or TIM) is to apply a low frequency
(about 100 Hz) signal at full rated output voltage, and then
sweep the frequency upward until a sudden rise in distortion
is noted [16, 33], the 1 percent distortion level coinciding
with the amplifier's full power bandwidth.

In op amps, a full output-voltage level sweep test for THD
from 100 Hz to 100 kHz has been found to be a sensitive and
easily applied test to detect SID, as it exercises the output
signal slope-tracking fidelity to a high degree. Unfortunately,
this form of test is not always directly applicable to power

Portions of this article are adapted from “Slewing Induced Distortion in
Audio Amplifiers” by the authors in The Audio Amateur, Feb., 1977 (P.O. .Box
176, Peterborough, N.H. 03458), part of an article series which is available in
book form. Portions were also adapted from the authors’ article ““Slewing. In-
duced Distortion — Its Effect on Audio Amplifier Performance, with Correlated
Listening Resuits,” Audio Engineering Society Preprint No. 1252 from the May,
1977, convention. (See bibliography references nos. 33 and 34.) ® Copyright
1979 by Walter G. Jung, Mark L. Stephens, and Craig C. Todd.
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amps, but it is an excellent one
for IC op amps. Reasons which
can defeat its validity for some
equipment are limited signal
bandwidth, which masks true
distortion products, and in
power amps, output stage
stress. For wideband, low-level
stages, it can be an excellent
test. However, the SID distor-
tion mechanism cannot always
be conveniently isolated and
quantified, simply because one
does not always have direct ac-
cess and control over amplifier
configuration and/or operating condition (s). .

It is possible to isolate SID from other distortion sources
when the test configuration can be completely controlled.
For instance, when testing op amps, this can be accom-
plished by placing some important restrictions on the test
circuit [33, 34, 35, 37, 38]. The test configuration should oper-
ate in the inverting mode, to eliminate the common-mode
distortion effects which exist when an op amp is operated
non-inverting [37, 38]. The magnitude of these effects in
some designs can approach that of SID, therefore a non-

SRR

_inverting test is simply incapable of discriminating these two

components. Similarly, output stage non-linearity should also
be minimized by careful restriction of loading, to 10K or
more. These precautions.assure us that we are truly measur-
ing only SID and not other additional distortions such as
those produced by poor common-mode rejection or output
loading. These distortion mechanisms should be evaluated
separately [31, 38] and are not the subject of this study. Fail-
ure to make certain the test conditions are free from these
distortions can lead to questionable results.

A test circuit which takes these points into consideration
and is suitable for SID tests is shown in Fig. 9. It is a unity-
gain inverter, with the device’s frequency compensation ad-
justed for unity gain, except for special cases as noted. Input-
output signal levels are full rated-voltage swings of +10V or
7V rms (except as noted), which generally maximizes the out-
put SS. The heavy feedback condition maximizes sensitivity
to slewing distortions, since it maximizes the potential error
voltage.

The device under test (DUT) is operated in this circuit, and
a check is made for its actual slew rate. Note that for a given
device, the actual slew rate can vary from the data sheet
value, therefore results can only be correlated by actual mea-
surement. Ideally, slewing should be symmetric, so the mea-
surement should take note of both plus and minus slew
rates. After the SR test, measurements can proceed.
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Fig. 9 — Test circuit for slew induced distortion.

Representative THD performance data on a common 741
IC op amp with a 0.5V/uS SR is shown in Fig. 10. These data
indicate in the full output-level curve a characteristic sharp
rise from the low frequency (LF) residual level to a 1 percent
THD level at 8 kHz (fp), this occurring within only two
octaves. For lower output levels, such as for 2V and 1V rms,
the 1 percent THD frequency is proportionally higher, in fact
by the ratio of amplitudes. In all three cases, the characteris-
tic sharp rise in distortion can be noted as the device’s SR is
approached by the SS. The 1 percent THD point is reached
when the SS becomes equal to the fixed device SR. This can
be noted as a relatively constant SS for the three different 1
percent THD intercept points, as is evidenced by the differ-
ent frequencies at which this point is reached for different
levels.

SID improves considerably for higher SR devices or com-
pensation conditions which result in higher device slew rates.
In Fig. 11, THD data on a 301A amplifier is shown for various
compensation/gain conditions, with all data referred to a 7V
rms output level.

The first curve (left) is for unity-gain compensation, where
the device SR is 0.9V/pS; the behavior is similar to but slightly
better than the 741 for similar conditions. For the X10 com-
pensation curve, the resulting slew rate is 7V/pS, and the
performance is much better, with slew limiting not reached
until 90 kHz. The improvement is largely due to the X10 im-
provement in SR and gain-bandwidth product, without any
major penalty in LF distortion or noise.

0 R

The third curve is for a X100 compensation/gain, and here
slew limiting is not at all evident.

Slewing symmetry has a pronounced effect on SID, and
SID will only be minimized when the plus and minus slew
rates are equal. In some IC amplifier devices, particularly

those which use current mirrors, slew symmetry can be*

trimmed to demonstrate this effect, as shown in Fig. 12.

Here the THD performance of a 301A op amp with an SR of
0.4V/uS (when trimmed) is plotted, and the data indicate an
fp of 6.7kHz, which agrees with the theory. For asymmetric
slewing, however, the distortion generated is higher, and the
break point occurs lower in frequency. This sort of behavior
can be noted in many amplifiers, and those in which slewing
is inherently asymmetric will not yield as low a distortion as
devices which are symmetric.

An aspect of SR asymmetry which illustrates why inverting
mode operation is recommended for SID characterization is
demonstrated in Fig. 13 and 14. Figure 13 is the full-scale (20
V p-p) slewing response of a 301A amplifier, and, as can be
noted, there is a marked difference between plus and minus
slopes [21, 22, 37, 38]. This same amplifier was used in the
inverting-mode pattern of Fig. 4a (Part 1), where it was seen
to be nominally symmetric.

Slewing differences between inverting and non-inverting
input operating modes show up in THD tests, as is demon-
strated by Fig. 14. This data is for the same amplifier operated
at unity gain, with curve A for inverting mode, curve B non-
inverting. Note that the fp is lower in curve B and distortion
much higher at lower frequencies than curve A. This general
pattern can also be seen in other devices as well [38].

An interesting demonstration of the effectiveness of SR im-
provement on THD is contained in Fig. 15. This data is for the
2725, a programmablelC op amp, where the device SR can
be adjusted via a bias terminal. Shown here is the resulting
THD for SRs of 0.5, 1.6 and 5V/uS respectively. As can be
readily noted, the resulting performance improves directly as
SR is increased.

Since the previous performance examples have indicated
that quality is generally directly tied to slew rate, it might
seem fair to assume that a very high slew rate is sufficient in
itself to achieve this quality. However, this is not completely
the case, as is shown by Fig. 16. These data are THD perform-
ance for a class of op amps known as “slew enhanced” types
[20]. This form of op amp uses a class B (or AB) input stage to
dynamically alter (increase) the output current (l,) and thus
boost SR for high SS conditions.

In terms of THD, slew-enchanced units generally show a
low SS distortion performance much like a conventional op
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Fig. 11 — THD vs. frequency for a 301A
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Fig. 12 — THD vs. frequency for a 301A
op amp operated as a unity gain
inverter with various slewing
symmetries, Cc is 33 pF, outputis 7 V
rms. Offset adjustment is trimmed for
slewing condition shown.
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Fig. 13 — Asymmetric slewing due to common mode
asymmetry in a 301A op amp operated as a unity gain
follower; 20 V p-p.

amp up to a point, but complete slew limiting is prevented.
The data reflects this, showing a general initial rise, then a
leveling off in THD. It also shows substantial differences in
the performance of the various devices tested. Highest per-
formers are those units which show the combination of good
low-level linearity concurrent with high GxBW, e.g. the x10
531, the 530A, and the 538.

As a final example of THD performance, the data of Fig. 17
indicate what effect an adjustment in SR independent of
small-signal bandwidth (or feedback) has on SID. For this
test, a 318 op amp is used in the circuit shown. The 318 has a

very high SR of 50V/uS with a gain bandwidth of 40MHz,
and its performance is sufficiently high (curve A) that the
THD measured is essentially the residual of the analyzer used
[31, 33, 34, 38].

As the test circuit shows, the current sources and load C,
constitute a slew limit mechanism which can be used to ex-
perimentally alter SR, independent of both feedback and am-
plifier bandwidth. Curve B indicates THD for a 6.7V/ pS con-
dition, C for a 0.5V/pS condition. Note that the fp for C is 8
kHz, as equation 3 predicts.

This test indicates two things; one that SR is a good general
indicator or predictor of high frequency distortion for high SS
waveforms. Second, it indicates a pattern of distortion rise in
curve C much more sudden than any previously noted. This
indicates that the heavy feedback (for the 318, as used here)
is successful in suppressing the typical two octave rate of
rise noted in other patterns above [33, 53, 60].

At this point, THD performance data has been shown
which reflects the key behavior patterns observed in the
group of IC samples tested. From this, it can in general be
noted (for these tests) that if the device slew rate is 5V/uS or
more, is symmetrical, and does not use nonlinear slew
enhancement, the THD performance can be superlative. This
will be evidenced by a THD of 0.01 percent or less up to 20
kHz (a 20-kHz distortion-free bandwidth) with an fp of 80
kHz or more. For the best devices, THD can be 0.1 percent or
less up to 100 kHz. Of those tested, the best devices in the
above terms were: NE5534 (equivalent to TDA 1034), 536,
318, 518, the TLOBO and TLO70 series, 3140, 2625, 2525, 301A
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Sine-Square Test

A combined sine-square wave IM test has been proposed
by Leinonen, Otala, and Curl as a method of measuring TIM
[18]. For this test, the signal is a 3.18-kHz square wave, which
has been filtered with a simple one-pole, low-pass R-C filter,
at either 30 or 100 kHz, and combined with a 15-kHz sine
wave of one quarter the peak-to-peak amplitude of the
square wave. The resulting square-wave signal component
has a very high slope, which is in theory actually limited only
by the low-pass filter. As can be appreciated from this factor,
this test has the capability of stressing an amplifier to a high
degree for non-linearities related to signal slope and/or slew
rate. Figure B-1 is an oscilloscope photo of a 30-kHz band-
limited signal (DIM 30).

The output spectrum of the amplifier under test is ana-
lyzed for intermodulation products generated by non-linear
mixing of the sine and square waves. The rms sum of these
products relative to the amplitude of the 15-kHz sine wave is
defined as the percentage distortion. This definition of the
test does not include the residual distortion products of the
square-wave source (which are not a result of the intermodu-
lation under examination). As typically occurring in practice,
these spurious products are the even-order harmonics of the
square wave (which, of course, should ideally be absent).

If a very high-quality square-wave generator is used, for
example with even-order harmonics 90 dB down from the
fundamental, even-order distortion resulting from amplifier

Fig. B-1 — Time domain representation of DIM-30
test signal.

asymmetry is measurable. In the tests of this study, this type
of distortion was included, as sometimes it was the only dis-
tortion present in the output spectrum.

It should be noted that a test signal as defined above has a
very wide spectrum. For example, even though the square
wave is low-pass filtered at 30 kHz, there is still significant
energy present up to several hundred kHz.

A very interesting and inherent property of an ideal square
wave (with no band limit) is that every individual harmonic
of the Fourier series comprising the square wave contributes
the same amount to the resulting slope of the square-wave
transition. This is because the amplitudes of the harmonics
fall in exact proportion to their rise in frequency, which
makes the slope constant for increasing harmonics. Thus, it
should be intuitively appreciated that an unfiltered square
wave constitutes an extreme test in terms of signal slope. In
the ideal case, for a fundamental frequency/amplitude com-
bination resulting in a slope of “x” VAS, the composite slope
will be infinite; in a practical case of “n” harmonics, the slope
will be (n + 1) (x) VAS.

This pattern of constant signal-slope contribution per har-
monic is not strongly ameliorated by a simple 30-kHz single-
pole filter, such as is used in the sine-square test. As a result,
a very high percentage of the signal slope is contributed by
ultrasonic energy. As a specific case in point, every odd har-
monic comprising a 16V p-p, 3.18-kHz unfiltered square wave
contributes 0.16VAS to its slope. When passed through the
30-kHz filter, there will be five square wave harmonics below
30 kHz (f1, 3 f1, 5 f1, 7 f1, 9 f1). These components will
contribute slopes of 0.16, 0.15, 0.14, 0.13 and' 0.12 VAS,
respectively, to the composite test signal slope, while the 15-
kHz, 4V p-p sine-wave signal (f2) has a slope of 0.19VAS.
This sums up to a slope contribution of 0.9VAS for those test
signal components below 30 kHz.

The total composite test signal slope for these conditions
has a slope of over 3 V/uS. It is therefore clear that over two-
thirds of the test signal slope is contributed by the square-
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Fig. 14 — THD vs. frequency for a 301A op amp at 7 V
rms output in inverting® and noninverting®® modes.

(feed-forward), and the OP-01. Nearly as good were the
AD540 and 8007. The common characteristic of all of these
amplifiers is their high slew rate and input stage linearity. (No
ranking is implied, and other types may be capable of such
performance.)

Two-Tone HF IM Tests

A second series of tests conducted on this sample group of
IC op amps was HF two-tone difference IM, hereafter called
simply IM. This type of test also shows SID, as evidenced by
IM, to be generally governed by amplifier slew rate. For this
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0.001

100K

Fig. 15 — THD vs. frequency for a 2725 programmable
op amp operated as a unity gain inverterat 7 V rms
output at various slew rates.

test a one-to-one mixed, high-frequency tone pair at full out-
put level is swept from 10 kHz to 50 kHz. The difference
frequency is maintained at 100 Hz. All tests were performed
in the test circuit of Fig. 9.

Figure 18 shows some data which indicate the general rela-
tionship of IM performance and SR. These data were taken

wave harmonics above 30 kHz, which are not completely
filtered. Obviously, this form of test cannot be construed as
an “in-band” test, as-the bulk of the energy distribution in
terms of signal slope is concentrated in the ultrasonic region
of the spectrum. '

The above points are graphically illustrated in Figs. B-2 and
B-3. Figure B-2 is a simple spectral distribution plot of a sine-
square 30-kHz band-limit test. This shows the relative ampli-
tude of the individual signal components as they appear at
the input to an amplifier being tested. The 30-kHz filter re-
sponse is also shown for reference, superimposed above the
spectral lines of the signal. _

The spectrum, as shown here, very closely resembles the
conditions used in our sine-square tests, for the 30-kHz case.
As can be noted, the non-ideal even-order products are ap-
proximately -90 dB with respect to the fundamental.

The plot of Fig. B-2 is simplistic in the sense that it gives no
real appreciation for what is required of the amplifier in
terms of SS capability or SR. The graph of Fig. B-3 is intended
to convey this.

Fig. B-2 — Spectrum of sine-square test signal. (f1 =
3.18 kHz square wave; f2 = 15 kHz sine wave.)
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This figure is simply a graph (or graphs) of the signal slope
which results for 30-kHz and 100-kHz band-limit conditions

versus p-p operating level. For the case discussed above, the-

example of a 20V p-p level and 30-kHz band limit is plotted,
and the resulting SS is 3.2V/pS, as noted. Were the band
limit 100 kHz, the SS would be over 10V/uS (for the same
operating level). From the simple relationship shown, an SS
can be calculated for any operating level for either case of
filtering. .

An important point to be noted is the fact that this rela-
tionship applies to voltage swing, and it can apply to-either
preamps (at lower levels) or power amps (at the higher
levels). It has an indirect link to power output (since power is
a function of load impedance as well as voltage).

Finally, as will be noted from the discussions of the tests in
the text, a given amplifier should have an SR greater than
the SS generated by a particular test condition. The 3.2V/u$S
SS case, for example, would require an amplifier with an SR
in excess of 3.2V/ S, for distortionless reproduction.
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Fig. B-3 — Sine-square test signal slope.
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with the 2725 programmable op amp, with slew rates of 0.5,
1.6 and 5V/ 1S (condition similar to Fig. 15).

The nature of the IM performance behavior with respect to
increasing SS strongly resembles the data based on THD,
showing a similar rise as the amplifier SR is approached. This
behavior pattern is a characteristic one of IM [14, 33, 34, 51],
just as it is for THD. Therise in IM (dotted) at low SS reflects
the equipment residual. .
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Fig. 16 — THD vs frequency for various slew-
enhanced op amps operated as unity gain inverters at
7 V rms output.
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Fig. 177 — THD vs. frequency for a 318 op amp with an
artificially induced signal path slew limit.

Fig. 18 — Two tone IM (mixed 1:1) vs. frequency (Af
= 100 Hz, constant) for a 2725 programmable op amp
operated as a unity gain inverter at £10 V output for
various slew rates.
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Figure 19 shows a composite plot of IM performance by
this method, for a variety of different IC op amps. The high-
est performance devices here show IM distortion at the
equipment residual level, while the others show quality gen-
erally proportional to slew rate. The notable exceptions to
this pattern are the 535, a high-speed slew-enhanced type,
and the 356, an asymmetric-slewing unit with appreciable
second-order distortion. Each unit has a high slew rate, but
the exact method of achieving it prevents optimum linearity
from being realized.

The data from the IM tests follow the same general pattern
as THD-based data in terms of distortion rise for SR ratios
approaching unity. It is less sensitive, though, due to the fact

‘that it measures even-order products and the amplifiers usu-

ally (if perfectly symmetrical) generate odd order. This test is
quite effective in pinpointing amplifiers which have inherent
transfer asymmetries (and thus even-order distortion), such
as the 356 type. A two-tone IM test to measure odd-order
products (2 f1 - f2) would yield more useful data on the
symmetrical devices. '

It should be noted that an IM test such as this can be more
useful for band-limited amplifiers, as it can measure IM prod-
ucts folded downward to lower frequencies by the HF tone
pair.

Sine-Square Tests

A selected sampling of devices which had undergone the
THD and IM tests were subjected to the sine-square tests as
outlined in reference 18 and described in the sidebar. Like
the previous THD and IM tests, the test circuit of Fig. 9 was
used. Our results do not directly correlate with those of refer-
ence 18, because we are operating the amplifier with no
common-mode swing (inverting mode) in order to isolate
SID from common-mode distortion. Figure 20 summarizes
the results of these measurements, for full output-level tests
performed with a 30-kHz square-wave band limit.

The -general relationship between Dynamic Intermodula-
tion Distortion (DIM after the terminology of reference 18)
and device SR capability is shown by the graph in Fig. 20. This
graph shows percentage DIM versus device SR, for all types
of devices under one standard test condition. The maximum
SS of the input sine-square signal for this case is 3.2V/uS.
Thus, a given device would require an SR of at least this
much to pass the waveform without gross distortion. This
graph shows that distortion rises above the residual level at
around a device SR of 6.5V/uS, which is roughly twice the SS
of the input waveform.

This is an important and useful indicator; on the average, a
device must have an SR capability of twice the input signal
slope to pass signals with negligible distortion. As the SR
capability of the test devices falls below 6.5V/uS, the graph
is seen to rise linearly to very high amounts of distortion. A
best straight line drawn through the data points turns out to
have a slope of 3:1 on the logarithmic coordinates. This indi-
cates that DIM varies as the third power of the ratio of the
input SS to the device SR. A simple equation that expresses
this relationship is

%DIM = K (SS/SR)?
where K = 0.16 percent for our data.

This relationship is quite a valuable one to audio designers,
as it indicates how DIM varies with SR ratio. A very interest-
ing observation which can be made from Fig. 20 is that the
DIM test is relatively insensitive to distortion detection,
when the SR ratio is less than 0.5. It will, of course, measure
gross IM levels for conditions of SS>SR, but this is hardly a.
practical mode of amplifier operation. Since the distortion
mechanism being analyzed by a given test method is the
inter-relationship of SS and amplifier SR, the point must be
made that an optimum test method should show usable re-
sults over a wide range of conditions.

(18)
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Fig. 19 — Ranking of op amps operated as unity gain
inverters £10 V output, by slew rate on basis of two
tone (1:1) high frequency IM.

It should also be noted from Fig. 20 that there are devices
that do not fit the characteristic relationship between dis-
tortion and slew rate. These devices are grouped to the right
of the line and show excessive distortion for their high slew-
rate capability (compared to the general trend). With the
exception of the 356 and 357 devices, all of these op amps are
slew-enhanced units. They feature an input-stage transcon-
ductance that varies with level to produce rapid slew rates
for large signals. Unfortunately, the changing input-stage
transconductance of these devices (a non-linearity), gives
rise to a crossover type of distortion mechanism. Since, for
small signals their SR capability is low, they begin to produce
distortion for relatively low-SS waveforms. As the SS of the
input is increased, the slew capability of the device increases,
and it is more capable of producing the required output.
Thus, at high SS inputs, the distortion doesn’t increase, it
merely remains the same percentage as it was under low SS
conditions. : ,

We found that under varying input SS waveforms, the out-
put spectrum of the slew-enhanced devices remained fairly
constant; only the relative magnitudes of the individual dis-
tortion products varied up and down. Increasing the input SS
caused some distortion terms to increase and some to
decrease, but the magnitude remained fairly constant. It is
interesting to compare this behavior with the leveling off of
THD observed in the THD tests at high SS conditions.

The 356 and 357 devices also did not fit on the characteris-
tic straight line, but they suffer froma different type of prob-
lem than do the slew-enhanced circuits. These units showed
only even-order distortion falling on the square-wave har-
monics; no other intermodulation products were produced
(as did the slew-enhanced devices). The 356 and 357 devices
seem to alter the symmetry of the waveform, indicating that
an asymmetric nonlinearity is in action. This theory is sup-
ported by other forms of tests (for example, references 31
and 38). It should be understood that the problem experi-
enced by these particular devices is not inherent in all Bi-
FETs, or even other FET op amps, by any means. The 536, an
older design, had DIM levels below the resolution of our
measurement equipment. Also, the TL080 (and TLO71) FET
device families are capable of high performance for these
tests, as is the LF351 and other devices of the same families.

Devices which are capable of differing slew rates, such as
the 2725 and 301A, show DIM performance which improves
as device SR is increased. In an experiment to examine the
effects of open-loop bandwidth [4, 6, 7, 8,9, 10, 14] and the
degree of feedback as design criteria for low DIM, several
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Fig. 20 — DIM vs. device slew rate. Test level is 20 V
p-p. filtering is at 30 kHz, input SS is 3.2 VA S.
(*Indicates device with previous data in THD or IM tests.)
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Fig. 21 — Comparison of DIM performance of two
devices with different slew rates, both operated as
unity gain inverters. Top curve is 741, bottom is
NE536; input signal slope is 3.2 V/ uS. Spectrum
analyzer sweep, 0-20 kHz linear.

specific tests were performed. The results of these are the
spectrum plots shown in Figs. 21 and 22.

Figure 21 shows comparative DIM performance for two
different op amps for conditions of a 10V p-p output and a
30-kHz band limit (SS=1.6V/S). The 0.8V/uS device (a 741)
clearly shows strong DIM, but the 10V/uS device (a 536)
shows a spectrum which is indistinguishable from the input.
Open-loop bandwidth of both devices is less than 20Hz,
feedback is nearly 100 dB at low frequencies, and gain-
bandwidth is 1 MHz.

Figure 22 shows a performance comparison for 20V, 30 kHz
(3.2 V/i5 SS) band limit conditions, with slew rates adjusted
to 0.5, 1.6, and 5V/iS, using the 2725 device. It is clear that
DIM is reduced as the SR is increased above that of the SS (or
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Fig. 22 — Comparison of DIM performance for a 2725
adjustable slew rate op amp operated as a unity gain
inverter with input signal slope of 3.2V/pS. Top
curve is SR of 0.5 V/uS; middle is 1.6 V/ pS; bottom is
5 V/uS.
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Fig. 23 — DIM vs. output level and signal slope for
two devices operated as unity gain inverters with
BL = 30 kHz.

stated another way, as SS/SR is lowered). For these condi-
tions, device open-loop 3-dB bandwidth is for all cases less
than 200 Hz, and feedback is nearly 100 dB at low frequen-
cies.

It seems apparent from these tests and others made that
the sine-square test performance is strongly affected by SR
just as are THD and IM. There appears to be no directly
measurable or obvious sensitivity to open-loop bandwidth.
Gain-bandwidth product and loop gain affect DIM perform-
ance, as they do THD and IM, in that they affect how close to
slew limit one can work before distortion rises.

A further demonstration of how DIM behaves in a manner
similar to THD and IM performance is contained in Fig. 23.
These data are based on the common condition of a 30-kHz
band limit, but with DIM plotted versus output amplitude.
To show the similarity, two different SR devices are used, 0.5
and 1.5VAS. At low signal levels DIM is at a very low level; as
the output signal level is increased, DIM shows a rapid rise,
similar in behavior to THD and IM, as the SR ratio approach-
es unity.
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Fig. 24 — Correlation of test methods, various forms
of distortion vs. signal/device SR ratio for a 741 with
SR =0.5V/yS. (*Dotted line on the DIM curve
results if the even order harmonics of the square
wave are counted in the distortion computation. This
is very difficult to do since an extremely high quality
square wave generator is required. The proponents of
this test recommend ignoring these components and
measuring only the distortion resulting from the
intermodulation between the sine and square waves,
in which case a pattern similar to the dashed line
results.)

Comparison of Test Methods

If the three test methods used are compared on a common
base, it is possible- to see a definite common pattern in their
behavior, which is done in Fig. 24, where the horizontal axis
is normalized in terms.of the ratio of the SS to the SR of the
device. By this means, it is possible to see just how the vari-
ous forms of distortion behave as the device slew capability
is ‘taxed, and also to indicate the relative sensitivity of the
three test methods.

The THD method shows the widest dynamic range of the
three methods and gives the highest percentage distortion at
a unity slew-rate ratio, 1 percent. The anomalous low-level
slope for the TIM test is due to our detection of some sec-
ond-order low-level nonlinearities in the 741 tested. This pro-
duced a second harmonic of the square wave which we were
able to detect in the ouput spectrum. Since the TIM distor-
tion number is normalized to the 15-kHz sine-wave ampli-
tude, and the square-wave fundamental amplitude is 12 dB
larger, the distortion shows up a factor of four larger than it
should. Our experiences with the equipment available for
these tests was that it was very difficult to detect SID with
the sine-square test at signal slopes less than ¥: that of the
device SR (see Fig. 20).

Unfortunately, there is a serious prob|em with the sine-
square test method that is not totally equipment related, one
which became apparent after evaluating some of the best op-
amp circuits. The problem concerns amplifier distortion
products which are coincident with the even-order distortion
products of the square-wave generator. Theoretically, - a
square wave should consist only of odd-order harmonics of
the fundamental frequency. Practically, every generator will
have some slight asymmetry in its square-wave output,
which creates small but definitely measurable amounts of
even-order distortion. Typical amounts for a general purpose
lab square-wave generator are 50 to 60 dB down from the
fundamental. Thus, if one were measuring a very good ampli-
fier that had only low-level distortion products falling on the
even-order square-wave harmonics, the true distortion of
such a case would be masked by the generator, and therefore
unmeasurable. The conclusion could then be erroneously



drawn that the amplifier was free from transient intermodu-
lation distortion, when in fact the amplifier was producing
small amounts of distortion below the threshold of measure-
ment.

One might point out that an amplifier producing distortion
products coincident with the square-wave harmonics should
also produce other intermodulation products of comparable
magnitude, ones that could be readily measured. This simply
was not the case in our tests and can be easily demonstrated
by testing an asymmetric device such as a 356 or a 530A. Both
of these amplifiers show the pattern of only even-order
square-wave products, even at the most severe SS TIM test
(10VAS). To accurately measure these two devices, a square-
wave generator with even-order products down at least 90 dB
is required. In our series of tests, this was realized by carefully
monitoring and adjusting the symmetry of our square-wave
generator at periodic intervals. Only when the generator’s
- even-order distortion was reduced to these low levels did we
begin to see differences between the best op-amp circuits
that typically had only even-order distortion products. The
magnitudes of these even-order products for the best circuits
were as low as only O to 6 dB greater than the generator
residuals, and in many cases required detailed comparison of
the input and output spectrum over several runs to verify
that the products were, in fact, actually there. )

The two-tone difference IM test is much more sensitive to
even-order distortion than the sine-square test. For example,
where it was difficult to detect distortion in the 356 with the
sine-square TIM:test, the IM test found it easily (Fig. 19). It is
possible that a two-tone IM test designed to look for odd-
order products would show superiority for finding odd-order
distortion products. The main attraction of the TIM test is
that it allows a quick qualitative look at an amplifier’s per-
formance.

THD evolves as a very desirable test method, as it is not
only sensitive, but equipment for it is common. However,
when a limited bandwidth circuit is being evaluated, some
form of IM test becomes necessary.

Listening Tests ;

IC op amps from the group subjected to the above electri-
cal tests were auditioned in a listening test [33] to assess the
degree of correlation between the various forms of electrical
distortion and audible defects. These tests were done in
mono,‘in an inverting test amplifier configuration similar to
Fig. 9. To sensitize the test for SID, however, the test device
was preceded by a preamp to drive it to near full-scale out-
put (and so, maximum SS) with program material. The full-
scale output was then scaled down and level matched with
the original input to within 0.2 dB. A-B tests were then con-
ducted on each IC to determine audible degradation. Source
material was a variety of phonograph records, using a mov-
ing-magnet cartridge.

The results of this test indicate that not only can SID be
detected audibly, but also suggest that the ear is apparently
sensitive to levels of distortion lower than 1 percent. The
results of these tests are summarized in Table Il, which also
indicates the relative quality weighting.

Before discussing these results, it is highly important that
the reader appreciate the basic fact that these listening tests
and the quality levels they indicate for a given SR are referred
to 10V peak levels. One cannot generally assume these quali-
ty levels as absolute, as operation of given (fixed SR) device
at other output levels will change the working SR ratio. As a
necessary result, distortion will change accordingly, i.e. im-
prove in going to lower levels or degrade in going to higher
levels (for those devices capable of higher levels).

The above effects are, of course, simply due to the level-
dependent property of SID; it is worst at highest SS or highest
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SR ratios. It is for this reason that the operating parameters
associated with each test device are given here in several
different terms, so as to avoid confusion. What the reader is
most interested in, of course, is what parameters of a device
are necessary to achieve a given quality level.

In terms of the reproduction observed, “A” level quality is
that indistinguishable from the source on the most difficult
high frequency program material. In general, devices of over
4V/uS slew rates fit into this category. Exceptions were some
(but not all) slew-enhanced devices and the asymmetric
devices. Quality levels B and C are degradations of a some-
what subtle nature, as noted. Quality level E and portions of
D are distorted in a sense which is gross or obvious.

There appear to be two broad categories of audible SID,
one which can be associated with the approach of slew limit-
ing, Category |, and one in which slew limiting actually
occurs, Category II.

Category |l distortion will occur relatively infrequently on
normal program material if the device slew rate is above
0.5VAS. However, Category | distortion is possible in many
instances, and adjectives used to describe it have often been
seen in print.

Since the quality levels just described are for the devices
and associated slew rates operated at *10V output levels,
some means of relating this to more general conditions is
desirable. If the SR for each quality level is divided by the
operating voltage level, it can be normalized to a required
SR/V figure. This is simply the SR required per peak volt of
output to attain a given quality level. For example, “A” quali-
ty level was observed for devices which achieved 0.4V/uS/V
(or more) performance. This requires a 4V/uS device for 10V
(peak) operation or a 0.4V/uS device for 1V (peak) opera-
tion.
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The parameter SR/V is related to a power bandwidth,

which can be calculated as
fp=(SR/V) (10¢/2m)
where fp is in Hz, and SR/V is in VAIS/V.

As can be calculated from (19) or the table, a 0.4V/uS/V
SR/V level corresponds to a 64 kHz power bandwidth.

Some authors [62] have expressed the parameter of SR/V
in units of 1/time (which may or may not appear to be sim-
plified to the reader). A power bandwidth can also be calcu-
lated from this parameter as

fp=(“x"/mS) 1/(2m) (20)
where fp is in Hz, and 1/time is in 1/mS (x is the variable).
‘These two relationships (19, 20) are graphically summarized
in Fig. 25, with either parameter as an input.

The general observation which can be made from Table I
is that obviously distorted reproduction begins to be noticed
(level E) at an SR/V level of 0.05V/uS/V, or a power
bandwidth of less than 8 kHz. This is plotted as Example 1 in
Fig. 24. Other researchers conducting listening tests have ar-
rived at a corresponding distortion level threshold in terms of
1/time, at a level-of 5/mS [62] (or 0.005 V/uS/V), which
equates to an 800-Hz power bandwidth (example #2).

The level dependence of SID has caused much confusion
as to where and when a given SR is a limiting factor. The
reader should understand that a 5V/pS amplifier SR (for
example) will most likely not be a limitation for a preamp
output, but may be critically so for a power amplifier. The
difference is in the voltage swings the two types of amplifiers
are called upon to produce without distortion.

As an illustrative example, if we assume a 1.5V power amp
sensitivity for full output, this equates to roughly a 2V peak
level from the preamp. To produce a 2V peak level in terms
of the highest performance of Table Il, the 0.4V/ yS/V guide-
line implies a device SR of 0.4x2=0.8V/ pS. This level of per-
formance is met by many devices, for example the popular
4558 or 4559, at 1.5V/ pS.

For the power amplifier, if we assume an example of 100W
into 8 ohms, this equates to a voltage of 40V peak. Applying

(19)

the highest performance level again of 0.4V/pS/V, the SR
required is 16V/ pS or more.

Hopefully, the above discussion illustrates how SR must
be related to operating voltage level to predict quality. It
should be appreciated that an SR number quotation by itself
is relatively meaningless, if it is not related to operating level.

Also, another point which should be made is that perform-
ance simply does not continue to dramatically increase with
greater SR, once sufficient SR has been obtained. For a
preamp output, for example, if an SR of 5V/ S is more than
sufficient to meet any possible operating condition, 50V/ S
may not improve operation in practice and may well repre-
sent a meaningless numbers race.

As pointed out in reference 33, the listening tests of this
research are basically the subjective observations of one indi-
vidual and should not be construed as a result applicable to
all situations.

Summary of Test Results

Some sensible guidelines for amplifier selection now begin
to emerge from this series of tests. The primary one is speed,
which is to say that faster amplifiers are generally better.
There are two basic aspects to speed, bandwidth and slew .
rate, and in general they tend to go up together. It can be
stated .that raising an amplifier’s gain-bandwidth product (or
unity-gain frequency) is usually desirable [27, 28, 29, 30, 31].
The reason is that at any given frequency (neglecting d.c. and
very low frequencies) the loop gain of the amplifier will be
higher and more feedback-related distortion reduction will
take place, which lets one work closer to the device SR (and,
of course, reduces other distortions as well).

It has also become apparent that higher SR is generally
better, even for equal bandwidth, but some caution is re-
quired here. Since slew rate is determined by the dynamic
range of the (usually) nonlinear input transconductance
amplifier, it is important that high slew rate not be achieved
at the expense of linearity.

The slew-enhanced devices, such as the 535 and the asym-
metric 356, are examples of amplifiers which violate this

Table Il—Listening test results (referred to full output of 10 V).

Category of SID

|—Deterioration

H—Gross Distortion

Quality Level (1) A B D E
Audible No differences Just discernible Further softening, Colorations Coloration and
Character detected for softening, loss - somewhatdry, apparent, loss of distortion obvious,
any program of sweetness. generally dimension, more constricted
material. satisfactory with “covered”’ sounds,  covered sound,
slight loss of dulled transients, transients smeared,
dimension. constriction, edge grit, edginess,
begins. fuzz.
Associated Parameters (2)
SR >4V/uS 2-4V/uS 1-2V/uS 0.5-1V/uS <0.5V/uS
SR/V.oviiiii >0.4V/uS/V 0.2-0.4V/uS/V 0.1-0.2V/uS/V 0.05-0.1V/uS/V <0.05V/uS/V
fP >64kHz 32-64 kHz 16-32 kHz 8-16 kHz <8kHz
Samples Tested 318, AD518 1456 1741S 741
NE5534 (TDA1034) 356*
%g%g 74 Notes: *Audible ranking here is possibly
8007 due to factors other than SR.
NE536 NES35 1 Listing of various devices within col-
AD540 NE538* umns is not a ranking. Character in col-
3140 umn “D” is generally in category |, but
TLO84 may at times fall into category Il
OP-01 2: Some prefer expressing SR/V in units
NE530A NE530 of 1/time. As point of reference,
NE541 (x100) NE541* (x10) | 1V/uS/ V=1000/mS.
NE540 (x100) NE540* (x10)
NES531 (x10) NE531-(x1)
2720 (5V/uS) 2720 (1.6V/uS) 2720 (0.5V/uS) 2720 (0.16V/uS)
301A (x10, x100, 301A {x1)

or FF comp)
4136 (2V/uS)
709 (x10)

4136 (1V/uS) 209
X
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premise. These devices are inherently incapable of perform-
ing as well as devices with more linear overall transfer char-
acteristics. Emitter degeneration used in an input stage is an
excellent example of a technique that allows higher SR [20,
21, 24, 47], while at the same time linearizing the input stage
and extending its dynamic range. The 1456 or 318 is a good
example of this type of amplifier; FET differential input types,
which by their very nature have low transconductance, are
also excellent (provided they are symmetrical). A good exam-
ple of this type of topology is the TL080, TLO71, or the LF351
series.

To restate these design criteria, we primarily want an am-
plifier which is linear for large input signal (AV) levels, and
importantly, one which can deliver relatively large currents to
the compensation capacitance [24]. This gives us high SR and
a highly linear input dynamic range, which allows large error
signals. Secondly, we would like this amplifier to have as
high a unity-gain bandwidth as possible, so that when we
apply feedback, the HF loop gain will be as high as possible
for distortion reduction. The loop gain determines how close
we can operate to slew limiting before distortion begins to
rise (as it inevitably will, in a practical circuit).

Some previously discussed design criteria for low TIM,
such as the use of low open-loop (d.c.) gain and a high
open-loop pole frequency (wo), do not appear to be funda-
mentally necessary conditions for low TIM [33, 34, 45, 47],
given an SR> SS.

From the above considerations, it seems useful to suggest a
new form of SR criteria for audio circuits. From the four series
of tests (THD, IM, sine-square, and listening), this would be a
criterion which specifies a minimum SR with regard to the
maximum output voltage level in use. Our criterion is “The
circuit, including all possible loading conditions, should pos-
sess a (symmetrical and unenhanced) slew raie of 0.5VAS
(minimum) to VA4S (conservative) per peak output volt.”
Application of this simple criterion will result in negligible

SID, either electrically or audibly, if the slew rate is symmetri-
cal (* 20 percent) and the input-stage has a linear transfer
characteristic (constant transconductance, unlike slew-en-
hanced types).

Inasmuch as the above criterion is a stringent one, and in
view of some conservative operating conditions, some quali-
fiers could be added. In general, this criterion specifies an fp
of 80 kHz, which is four times the generally accepted audio
bandwidth of 20kHz. The reasoning behind this is the rise in
distortion with the onset of slewing, sometimes described in
the literature as “soft TIM” [7, 8]. Figure 26 illustrates this
effect in curve A, which is the THD performance of a 741 on
a normalized scale of SR ratio. As can be noted, appreciable
distortion exists at ratios as low as 0.25 (or two octaves below
fp) [33, 60].

Curve B is for a heavily fed-back amplifier, using a high
gain'bandwidth IC. As can be noted, distortion is at measure-
ment residual levels right up to the point of actual slew limit
(this has been referred to as “hard TIM” in the literature).

Obviously, in the case of B, less derating is necessary, since
there is virtually zero distortion until actual slew limit. How-
ever, inasmuch as most practical amplifiers will show some
distortion prior to slew limit, the 80 kHz fp is intended to
guarantee a 20-kHz distortion-free bandwidth (for all output
levels). Of course, for less than high performance uses, the
criterion can be derated as the user sees fit.

This criterion is perhaps most applicable to amplifiers
where the user does not have total control over performance
parameters, such as SR, bandwidth, and input dynamic range
(and/or linearity). For such applications, it can be useful as a
guiding selection criterion, for example with IC types.

When one has design freedom from the ground up, and
can optimize all —operating parameters, other design ap-
proaches can be more useful. These are discussed in the final
part of this series, which includes a design process to guaran-
tee non-slew-limited performance. A
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An Overview Of

Walter G. Jung, Mark L. Stephens, and Craig C. Todd

Part 11l — Analysis and Design of Amplifiers
for Minimum SID

Calculation of Slew Induced

Distortion

Thus far, little has been said
in the literature about how to
calculate slew induced or tran-
sient intermodulation distor-
tion. This is, no doubt, due to
the complexity of the problem,
especially handling the fre-
quency dependence of the am-
plifier stages and the incorpo-
ration of feedback. There is,
however, a straightforward
technique that can be used to
find closed-form expressions
for every possible harmonic or
intermodulation distortion
component. The technique in-
volves forming a Volterra series
to characterize the output as a
function of some input variable [57]. The coefficients of the
Volterra series can then be used to find the magnitude and
phase of all distortion products. This technique has been
widely used to predict distortion in radio frequency circuits
with a high degree of accuracy.

Unfortunately, it takes more time and space to explain the
technique itself than it does its application to a given prob-
lem. For this reason, we have not included a full analysis
within the article and direct the interested reader to the ref-
erence cited. However, with appropriate assumptions and
simplifications, many useful features of the Volterra series
technique can be used to find approximate expressions for
SID. These are conceptually easier to understand and are
quite accurate for relatively small distortion conditions.

Consider a 741-type operational amplifier, which can be
broken down into two basic stages, an input trans-
conductance amplifier and an integrating amplifier. These
are shown in Fig. 27. The transconductance stage is assumed
to be the dominant nonlinearity and consists of a symmetri-
cal saturating-type characteristic which is independent of fre-
quency. The nonlinear characteristic (formed by a double
differential pair) is modeled as a current source output Ai, for
an input differential voltage AV, and can be represented by

Ai=lg tanh [_AV_]

4V (21)

Portions of this article are adapted from “Slewing Induced Distortion in
Audio Amplifiers” by the authors in The Audio Amateur, Feb., 1977 (P.O. Box
176, Peterborough, N.H. 03458), part of an article series which is available in
book form. Portions were also adapted from the authors’ article “Slewing
Induced Distortion — Its Effect on Audio Amplifier Performance, with Corre-
lated Listening Results,” Audio Engineering Society Preprint No. 1252 from the
May, 1977, convention. (See bibliography references nos. 33 and 34.) ®Copy-
right 1979 by Walter G. Jung, Mark L. Stephens, and Craig C. Todd.

e

where Vi = KT/q or approxi-
mately 26 mV at 300° K and I
= the bias current of the stage.
The graph of equation (21) is
shown in Fig. 28.

Equation 21 and Fig. 28 differ
from equation 13 and Fig. 6b in
our previous example of Part I,
because the 741 input stage
has a pairof transistors on each
side. Equation (21) in its pres-
ent form will not allow closed-
form expressions for distortion.
It must be expressed as a trun-
cated power series with varia-
ble AV to complete the calcu-
lations, and this is shown in
equation (22).

e

e S

tanhx=x->+...+.... (22)

W[,

Thus combining (21) and (22) we have A
Ai = ltanh [-4A\3/TL] =, [(%’;) - (9\%)’-'31-+] (23)

The first term in the power series is the desired linear com-
ponent, and the cubic term (and other higher order terms)
form undesirable distortion products. Distortion will eventu-
ally be calculated from (23) after making some additional
necessary assumptions.

The second stage in the 741, the integrator, is assumed-to
be ideal and has a gain characteristic G(f) which is propor-
tional to 1/f. This is expressed by

G (f) = Ko/f. (24)
There is a 11/2 phase shift in (24) which has been neglected.
The reason for this will become evident as the calculation
progresses.

The constant K; is determined by the overall gain of the
composite amplifier, which must be approximately unity at a
frequency of 1 MHz to make our circuit model represent the
performance of a real 741-type op amp. .

The actual gain characteristic of a 741 op amp is summa-
rized by the Bode plot in Fig. 29. For most audio-frequency
calculations, it is convenient to neglect the low frequency
pole at 10 Hz and to assume infinite d.c. gain and a constant,
gain-bandwidth product. This has a negligible effect on cal-
culations, since it will be shown that the distortion is deter-
mined by the available loop gain at high frequencies.

The open loop gain for this approximation is specified by

10°

. Vv
open loop gain = —Z%L =< (25)



By combining equations (23), (24) and (25), the constant K;
can be expressed in more familiar terms. At a frequency of
1 MHz we have:

gain of .
Vout/AV=1= [transconductance] ga;n Oft ]
stage integrator

K
=3 [ (26
K,= 4VTx106 (27)
And thus G (f) = AY1 x10° : (28)
K

The 741-type op amp that has been developed thus far is
now placed in an inverting gain configuration with resistive
feedback components. The feedback network is assumed to
be linear and independent of frequency. The circuit used for
distortion calculations is modeled in Fig. 30. In this circuit, a
feedback factor B can be specified as a function of Ry and R;

B = Ry/(R+Ry), (29)
Since the closed loop gain G is equal to Rz/R1, we have
R,, 1
B=FRIK) —@+iG) " (30)

For inverting gains of 1, 10, and 100 the factor B is 1/2, 1/11
and 1/101, respectively.

Additional assumptions that must be made to simplify cal-
culations are:

1) Small distortion conditions exist (<1%). This
enables a power series expansion of the trans-
conductance nonlinearity.

2) The distortion consists of only odd- order
products because of symmetry, and, because of
1), the distortion is dominated by third-order
terms.

3) The distortion is reduced by the magnitude
of the factor (1 + loop gain), at the frequency of
the distortion product. It is further assumed that
loop gain is much greater than 1, so that distor-
tion is reduced by approximately the magnitude
of the loop gain. Any phase shift in the loop gain
can therefore be neglected.

A harmonic distortion analysis will be developed here to
compare with measured data, although an intermodulation
analysis could also have been pursued. The final result will
solve for harmonic distortion (which is dominated by the
third harmonic) as a function of output voltage level, fre-
quency, and feedback factor (or closed loop gain).

The following method will be used to solve for harmonic
distortion. First, an output level V, and frequency f will be
specified. Then using (25), AV will be calculated and used in
(23) to find open-loop distortion. Finally the loop gain will
be computed and used to predict the closed-loop distortion.

For a sinusoidal output voltage of V, cos 2nift, we can com-
pute AV from (25)

[Vo cos (2mf)t]

AV = =—G07m)

(31

If this AV is substituted into (23) and simplified, the resulting
equation will show an open-loop distortion ratio of:

_ (4vr )2

magnitude of 3rd harmonic
magnitude of fundamental

Distortion ( Vo f )2
(open loop) — /12 4Vx108 (32)
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The open-loop distortion is reduced by the loop gain at
the third harmonic frequency, 3f, and by the integrator fre-
quency response which attenuates the third harmonic by a

factor of 3. The loop gain at frequency 3f is

4er106)

. l&
loop gain = (m) X ( I 3f

x8=1_06;l3.
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Therefore the closed loop distortion is

distortion _ distortion (open loop) _
(closed loop) loop gain

5 @)

)

(34)

1
3

o Vot _ __voif
THDGM) = @V x10® = 129x 1078 - 9

Equation (35) shows that harmonic distortion should vary
directly with the cube of the input frequency, directly with
the square of output voltage, and inversely with the feed-
back factor, B. In order to test the accuracy of this equation,
calculated data for distortion was compared directly with
measured THD data from a 741 amplifier. Figures 31, 32 and
33 compare calculated and measured distortion for a con-
stant-amplitude, swept-frequency test condition for three
values of feedback factor, B. Figure 34 compares calculated
and measured distortion for a constant-frequency, swept-
amplitude test condition, also for three values of feedback
factor. The agreement is generally good and is excellent for
the swept frequency tests. At lower distortion levels, the
agreement deteriorates due to the noise floor of the distor-
tion analyzer.

At higher distortion levels, the agreement deteriorates due
to large distortion conditions, that is, the fundamental as-
sumptions in developing the calculation are violated. The
anomalous behavior of the G = 100 test results is due to the
loop gain falling below unity at 10 kHz, which also violates a
basic assumption of the calculation. Figure 34 indicates an
additional crossover type of distortion that dominates at low
signal levels and masks the true distortion characteristics. It
should be clear from all the figures that increasing feedback
reduces distortion.
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Fig. 33 — Calculated and measured distortion vs.
frequency for a 741 at a gain of -100.



Equation (35) was developed specifically for the 741 op amp,
which has a unity gain frequency (fr) equal to approximately
1 MHz and a differential input stage consisting of four bipo-
lar devices. A more generalized equation can also be devel-
oped which allows f; to be a variable and which permits the
number of input devices (n) tovary. This equation is

V 2
HD (3rd) =T2—[n‘_\(/)112—8— [ff—T] 3 (36)

where n = number of bipolar devices (2, 4,6, ...), Vi =
KT/q = 26 mV at 300° K, B = feedback factor, fr = unity-
gain frequency, Vo = output voltage, and f = frequency of
fundamental.

Equation (36) reveals some characteristics of SID which
were not evident from equation (35). First, it can be seen that
increasing n reduces the distortion. This is due to a reduction
in the curvature of the input transconductance curve (i.e. less
change in gn for the same current change) as n increases.
Unfortunately, practical limitations usually require n to be 2
or 4 at most, so increasing n has a limited usefulness in re-
ducing SID. Second, equation (36) shows the strong effect of
the unity gain frequency on SID. Increasing fy by a factor of 3
results in a distortion reduction of almost 30 dB! Clearly, fr is
a highly important parameter in improving SiD. However, it
is important to make the close connection between fy and
the SR limit. As pointed out by Solomon [21, 24] and others,
for the 741-type circuit topology with bipolar input devices,
fr is proportional to the SR limit. This relationship is shown
below

SR = 2nf1(4V1). (37)
Therefore, improving fr produces a proportionate improve-
ment in the SR limit, which reduces SID.

Results of SID Calculation
And Comparison with Measurements

The demonstrated accuracy of (35) and the generalized
form in (36) in predicting harmonic distortion in a 741 ampli-
fier leads to some useful conclusions concerning slew in-
duced distortion.
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Fig. 34 — Distortion vs. output level for a 741 at
various gain levels.
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1) It means that slew induced distortion can be modeled
and calculated with closed-form expressions, based on Vol-
terraseries principles.

2) It shows that slew induced distortion is increased by the
input signal slope (SS) and the sharpness of the transconduc-
tance curve. It also shows that SID is decreased by more
feedback and by a higher gain-bandwidth product. ‘
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Fig. 35 — Distortion vs. frequency for a 741 at various
feedback conditions.
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Fig. 36 — Transient intermodulation distortion vs.
slew rate ratio for a 4558, operated inverting at two
gain levels.
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3) It demonstrates that since the slope of a constant ampli-
tude sine wave is proportional to its frequency, that SID (or
DIM, as in the sine-square test) should vary as the cube of
the input SS. This is confirmed by the data in Figs. 20 and 24
that show the variation of DIM with SS is a cubic relation-
ship.

4) It shows that increasing a device’s slew capability, with-
out adding additional nonlinearities (like slew enhance-
ment), will reduce slew induced distortion.

The Effect of Feedback for SS>SR

Present TIM theory suggests that feedback increases distor-
tion. Our measurements and calculations show that, at least
for signal conditions below the slew rate limit (SR ratio <1),
that feedback reduces distortion. The overall effect of feed-
back on distortion (for a constant slew rate capability) is
shown by our data to depend on whether the SS is less than
or greater than the SR limit. For SS<SR, increasing feedback
reduces distortion. For SS>SR, increasing feedback increases
distortion. There is a crossover point around SS=SR where
feedback has a minor effect on distortion. These trends are
evident in the THD plot of Fig. 35 and the sine-square (TIM)
plot of Fig. 36. It should be remembered, however, that for
distortion-free performance the SS must be less than the SR,
andif this criterion is met, feedback can generallyberelied on
for distortion reduction. Operating an amplifier with the
SS>SR is simply not a realistic consideration for high-fidelity
reproduction. Some discussion and experiments of the next
section will clarify these points further.

Designing for Minimal SID or TIM

We have now reached a point where the factors which
govern the behavior of the SID mechanism have been dis-
cussed in principle. However, the discussion thus far has
been largely focused on behavior as viewed from outside an
amplifier or how to characterize it in terms of SID.

Perhaps more important is how to design an amplifier from
the ground up for minimum susceptibility to SID or TIM. This
section focuses on these aspects of the situation and devel-
ops techniques which can be used to predictably model cir-
cuit performance.

We will begin the discussion by returning to a two-stage
amplifier model, shown in Fig. 37, which is similar in many
regards to Fig. 5a of Part | or to Fig. 27 above. This two-stage
circuit will now be used to develop a general topology which
can be used to model amplifier performance and also dra-
matically illustrate the TIM and SID phenomenon.

A circuit topology similar to Fig. 37 was described 10 years
ago in a classic paper by Solomon [24] et al. This paper con-
tained a number of defining behavioral relations, which are
not only historically important, but are also applicable to am-
plifiers of this type in general [47, 64].

A basic point which should be appreciated with regard to
this two-stage amplifier is that one can actually design it to
yield a given overall gain-bandwidth for an infinite set of
combinations of stage 1 and stage 2 gains. The key question
is, does it matter whether stage 1 or stage 2 furnishes the bulk
of the gain? For herein lies the answer to the entire TIM and
SID problem. In other words, how should the gain be parti-
tioned between the two stages for best overall performance?
Before we plunge into the equations which govern this, per-
haps some discussion would be helpful towards insight.

We have already established by (14) that the SR which will
be seen at Vo is set by I x and C1. However, we also know
that to increase SR we cannot just arbitrarily increase I or
decrease C1, because of stability reasons. We must also de-
crease gn simultaneously with either of these measures to
maintain stability. In general, a lower g implies less gain in
stage 1, i.e. the stage can accept greater input error signals AV

before the saturation which results in TIM and/or SID is
reached. Thus, it can be said that to maximize SR in a given
bandwidth, the stage preceding the integrator of a two-stage

 amplifier design such as this must have a low g and high Ix.

Solomon expressed this as a low gm/I« ratio in [24] and
[21], and it has also been expressed as a highlk/gm ratio by
Gray and Meyer in [22]. The latter form allows an expression
to be written which directly describes the amplifier's maxi-
mum input-voltage capability or dynamic range. This is the
voltage which, when exceeded, will result in slewing. It is
simply

Ik
Vth = 8m. (38)
Others have termed this the input-voltage dynamic range
[50]; however, the meaning is similar.

A greater application for how these relationships function
may be obtained by examining two representative {C ampli-
fiers with dissimilar Vth’s. These types are used as examples
because they are externally compensated and readily avail-
able. This allows convenient experimental duplication. A
301A amplifier (or 741, as noted above) has a gm of

Ik

8= 4vr. (39)
This equation can be expressed in terms of Ix/gm or Vth, as

Vth(JOlA) = Igim = 4Vs. (40)
Since Vi = 26 mV at room temperature, a useful approxima-
tion of (40) is

Vino1a)="0.104 V. (47)

Thus, a peak input voltage of 104 mV to a 301A (or 741)
will cause it to slew.

To turn to another amplifier type, a representative FET in-
put device is the TLO70 (or TLO80) which has a gm of approxi-
mately

8mo10)="1.5 Ik. (42)
If this relation is expressed in terms of Vth, it becomes
Ik
Vihioro) = e 067 V. (43)

As can be noted by comparison of (41) and (43), the TLO70
FET achieves a Vth more than six times that of the 301A bipo-
lar for similar conditions, This, for a comparable bandwidth,
produces a higher SR. For example, for a 1 MHz bandwidth
condition, the TLO70 has a 4.3 V/ /S SR (Cc = 47 pF), while
the 301A is only 0.67 V/ S (Cc = 30 pF) [31].

For the amplifier model under discussion, a relationship
can also be drawn between Vth, SR, and gain-bandwidth
product (GBP) similar to that expressed in [24]. We use the
more general GBP, rather than fr, since GBP can often exceed
fr. Also, fr is usually taken to mean the unity-gain crossover
frequency and implies unity-gain stability. This is not always
a requisite. An expression for SR in these terms is

or = (Vi 211 GBP)

10° (44)
where SR is in V/ S, Vth in volts, and GPB is the gain-
bandwidth product (Hz) at audio frequencies. (The rele-
vance of this equation to the subject of TIM and SID is fun-
damental. Although first described by Solomon and others
[24], the authors would like to document that this relation-
ship’s importance to audio amplifier performance has been
previously nated in letters to the A.E.S. by R. Cordell of Bell
Labs, 9/77, and B. Olsson of Xelex AB, 11/77 and 2/79.)

This relationship clearly demonstrates that SR is directly
proportional to Vth and GBP for this model. However, the
caution should be extended that it does not apply universal-
ly. Two particular exceptions are some feed-forward ampli-
fiers and slew-enhanced circuits such as IC type 531. In the
case of a feed-forward type, such as the 5534, Vth is not
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altogether a straightforward predictor of SR, as its Vth of
52mV and fr = 10 MHz predicts only a 3 V/ S SR. However,
the GBP of this device is actually 22 MHz at audio frequen-
cies — if this figure is used in (44), the SR predicted is 7 V/
1S, which agrees reasonably well. An important point is also
that one must not be misled into the belief that slew-en-
hanced devices, which can show large voltages for Vth, lead
directly to quality results. As has been shown previously,
such amplifiers must be treated individually, as their dynamic
input nonlinearities makes them special cases.

The relationship described by (44), while certainly an im-
portant one, can be erroneously misinterpreted. For example,
it should not be interpreted to mean that only a very high
Vth is fundamentally the route to high SR and thus low TIM.
As (44) clearly shows, raising GBP (where allowable) achieves
a similar result, and a practical example is the amplifier com-
pensated for a higher noise gain (and thus GBP), such as the
301A of Fig. 11 (Part Hl). Such an example illustrates a /ow
Vth device (the 301A) achieving a high SR. Another example
is the 5534, a high GBP device, but with a very low Vth, only
52 mV! And, it should be noted, sufficient GBP must be pres-
ent to result in a useful final closed-loop bandwidth.

The important thing to be remembered for this relation-
ship is not totally Vth or GBP in absolute terms, but their
interrelationship, which in many cases can be manipulated
to achieve a high SR. The concept of a high Vth is, of course,
most important when one is attempting to maximize SR with
a given GBP, for as (44) shows, it is the only way it can be
done with this type of circuit topology.

Experiments Which Demonstrate
The Principle

A very cogent demonstration of the just described relation-
ships can be made by synthesizing a two-stage amplifier
model and subjecting it to various feedback and open-loop
performance combination.

The circuit used for a series of these experiments is shown
in Fig. 38 and is actually composed of two local-feedback IC
op amps, which together comprise the model. A1 performs
the function of a g input stage, converting the input voltage
AV into a proportional current in R3. A2 performs the func-
tion of the integrator. Actual devices used for the experi-
ments to be described were the 5534 for A1 and either a 5534
or 318 for A2. The devices used must, of course, have an
inherent SR in excess of that which will be demanded by the
model’s operating conditions, as well as low distortion. These
factors, combined with the local feedback, yield an amplifier
with virtually ideal characteristics (even without overall feed-
back) as any nonlinearities are strongly suppressed.

A series of performance defining equations are included in
the figure, and these can be manipulated with a great degree
of freedom (another reason for using a model such as this, in
fact). Some comment on these relations is in order before
they are put to use, though.

Transconductance of the A1 stage is defined as

o= (%) (%) s

Maximum output current, (1), is defined simply by the
clipping voltage limit of A1, V1 (max) divided by R3, or

Im= _M:zm“ : (46)
3
Im, the peak.output circuit, is analogous to Ik of Fig. 37, in that
it sets the SR. It is slightly different in this case, due to more
design freedom.

It is important to note that these two relationships are not
exactly equivalent to those associated with Fig. 37. For exam-
ple, the gm of Fig. 38 can be set independent of I, (if desired),
and |, can be set independent of gn (if desired). This extra
flexibility and the use of a voltage amplifier to produce V1
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Fig. 41 — Transient performance of synthesized op-amp model  ages. A, SR = 0.4 V/ S, 5 kHz; B, SR = 1.8 V/ y§, 20 kHz; C,

with various slew rates to a 20-V p-p square wave of various
frequencies. Top traces are outputs, bottom traces error volt-

yields a direct monitor of the conditions in the input stage. A
standard g. input stage does not allow voltage monitoring of
error signals.

Because of the above, Vth in this circuit is simply

47)

As this expression shows, Vth is simply the output overload
voltage of A1, divided by the gain set by R1-R2.

The remaining performance equations are simply derived
from combinations of others; as the figure shows

—l
Vth = V1(m“] R1+R2 .

= V1(max) 48
SR &G (48)
fp = V1(mal) ; . (49)
( R:Cs ) (Z"Vop
Gain bandwidth product (GBP) follows from (8)
gm
GBP= 5= (50)
Substituting g as described by (45), this becomes
— (Ri+R, 1 - (51
asr = (%) (%) (zve)
Open loop bandwidth (in the presence of R4) is
1
fo= s (52)

Without R4, it is reasonable to regard A2 as a near-ideal inte-
grator, in which case fo is well below the audio range for
practical values of C1, and the gain-bandwidth product is
constant throughout the audio range, as set by (51).

Test Results :

The first test (Test 1) performed on the model was to syn-
thesize a standard 741 op amp in terms of GBP and manipu-
late it for differing SR. The results should show very linear
behavior up to fp, and a hard limit or sudden distortion rise
as slew limiting is reached. Conditions were set up for a unity
signal gain inverter, with a noise gain of 20 dB, using the test
circuit of Fig. 39.

Figure 40 shows the results of Test 1 for a THD swept-
frequency test, at an output of 7V rms. Conditions A, B, and
C are approximately 0.4, 1.8, and 18 V S respectively. The
different circuit conditions to yield these SR are noted. As
should be noted, since GBP and the feedback conditions are
identical for all three of these tests, the only variables are SR
and Vth.

As can be noted from the A and B curves, these conditions
produce a sudden distortion increase when the SS of the test
signal equals the amplifier SR. The high SR of condition C
prevents the limit from being reached, for any test condition.
Note that Vth increases, going from A to C, in the same pro-
portion as SR.
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SR =18 V/ puS, 50 kHz. (Scales: All, 10 V/cm; A, 20 pS/cm;
B,5 uS/cm; C,2 yS/cm.)

For a case of transient signal condition, the photos of Fig.
41 show how this same amplifier behaves for the three condi-
tions set down in Fig. 40, but with a different method of
measurement.

Figure 41A shows waveforms for the “A” test condition (SR
= 0.4 V/ pS) for a signal condition of a 5-kHz, 20-V p-p
square-wave input. The top trace shows the Vo waveform,
which clearly resembles a 741- type response (31, 38),
changing 20 V in over 40 pS. Inside the loop, the error voltage
V1 is shown at the bottom. Here it is seen that V1 saturates
negative, then positive, for the corresponding (+) and (-)
slew intervals, respectively. It is clear from this photo that the
slewing evident in Vo is a result of saturation in V1.

Figure 41B shows waveforms for the “B” test condition (SR
= 1.8 V/ pS), with a 20-kHz, 20-V p-p square-wave input. At
the top, the Vo waveform shows that slewing is present, as is
evident by the linear (+) and (-) slopes. This is confirmed by
the V1 waveform, which again indicates saturation of the 1st
stage for these corresponding times. This is similar to Fig.
41A, but the difference is that for this higher SR condition,
the slewing intervals are simply shorter (note scale factor dif-
ferences — do not be misled by same generalwaveshape).

Figure 41C is very interesting, because it demonstrates that
a sufficiently high SR and Vth can completely prevent satura-
tion of the first stage and maintain operation within the small
signal region entirely. Conditions of these photos are an SR
of 18 V/ puS. However, the feedback conditions described
above in conjunction with the 20-dB noise gain result in an
amplifier closed-loop, small-signal bandwidth of 95 kHz. This
in turn is equivalent to a single-pole, low-pass filter with a
time constant of 1.7 uS. For a 20-V p-p output from this filter
(the amplifier), the maximum signal slope is 12 V/ pS.

For Fig. 41C, the signal input is a 20-V p-p 50-kHz square
wave, and it can be noted that there is no slewing evident in
Vo. The waveform is exponential in shape with a risetime of
about 4 yS — consistent with the small signal relationships.

That slewing is not present is also confirmed by V1, which
shows that the error voltage remains below the clipping
level. Note that the highest amplitudes of V1 occur at the
peak SS of Vo or at the transition points of the square wave.

This particular test confirms in another way the point made
in Part | of this series, that slewing can be prevented by main-
taining the amplifier small-signal bandwidth at a lower fre-
quency than the power bandwidth. In 41C, fc is 95 kHz, but
fp is 290 kHz, and no slewing is evident.

With this same model, experiments were also conducted
to examine the sensitivity of the amplifier to open-loop
bandwidth (fo). Test two conditions were commonly set up
as described in Fig. 42, which resulted in an SR of 1.3 V/ uS
and an f; of 540 kHz. For this test circuit with R4 present at

51
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Fig. 42 — THD and error voltage vs. frequency of the
synthesized 741 op amp model for different open-
loop gain conditions (Test 2).

10K, fo becomes 16 kHz and the open-loop gain is 30 dB.
With Rx open, the feedback is then 24 dB. With R4 open, the
circuit becomes a classic op amp, with a very high open-loop
gain and fo very low. Note, however, that GBP remains un-
changed for either condition.

For condition A, where R4 is 10K, THD curve A indicates
that slew limiting is reached at 18 kHz. V1 (A) is a plot of the
rms error voltage versus frequency. Since it is essentially flat
with frequency, it is testimonial to the wide open-loop
bandwidth. Note that V1 increases to its clip level at 18 kHz,
coincident with the slew rate limit point.

The B condition shows corresponding results with R4
removed, and the most obvious difference is the (apparent)
increase in fp. Error voltage V1 (B) now increases 6 dB per
octave with frequency, the inverse of the integrator’s gain
rolloff — what is necessary to maintain a flat output versus
frequency for the overall circuit.

The apparent increase in SR for condition B is not an in-
crease for this condition, but rather reflects a less than poten-
tial maximum SR for the A condition. This is so because the
10K resistor loading the integrator absorbs a portion of the
charging currentavailable to Cl for slewing.

These points are also brought out in the square-wave pho-
tos of Fig. 43. This shows response of the circuit of Fig. 42 to a
5-kHz, 20-V p-p square wave for conditions A and B.

For these test conditions, the transient performance is
shown in Fig. 43. The slewing in Vo shown in 43A shows a
quasi-linear ramp or a combination of ramp and exponential
waveform caused by R4. Since R4 constrains the open-loop
gain to a relatively low value, this is also reflected in the large
error voltage shown in V1 (bottom).

The voltage V1 is clipped for the slew intervals (as expect-
ed) but also shows a very large potential (10 V) for the steady
= state waveform positions. This excessive error voltage re-
flects a relatively large gain error for this circuit.

A B

Figure 43B shows the Vo and V1 response for the same
input drive but with R4 removed or condition B. Note that in
43B the slewing intervals are shorter and linear, as would be
expected due to the constant and larger C1 charging current
available. The error voltage shown in V1 is much lower in the
steady-state periods, reflecting the increased gain available in
the integrator. The low gain error is also reflected (more sub-
tly) in the greater amplitude in Vo, compared to Fig. 43A.

This test indicates that, by both THD and transient re-
sponse tests, there is no inherent advantage to a wide open-
loop, small-signal bandwidth. By contrast, there are definite
disadvantages to the constraint such operation can place on
amplifier characteristics, such as limited LF loop gain and also
some sacrifice in SR. And, while it is not apparent from this
particular experiment, loading an integrator stage in a con-
ventional amplifier will usually degrade the open-loop dis-
tortion characteristics.

Predicting A Non-Slew-Limited Response

We are now at a point where the information developed
can be merged into a set of relationships useful in designing
a non-slew-limited amplifier or an amplifier which is free of
SID and TIM, by definition. This evolves in a fairly straightfor-
ward manner from the relations just discussed.

A non-slew-limited amplifier is simply one which cannot
be made to slew for any signal input level below that which
causes amplitude clipping. Input waveform shape is unre-
stricted and may include all waveshapes up to and including
square waves. The square wave (as discussed in the sine-
square box of Part 1l) is the most rigorous test to which an
amplifier can be subjected because of its very high SS (infi-
nite, for an ideal square wave). Therefore, if an amplifier can
be proven to be free of slewing distortion for a square-wave
test for all signal amplitudes in its linear range, it is by defini-
tion non-slew limited and will be largely free from SID or
TIM problems.

All amplifiers will have by design a small-signal
bandwidth, fc. This bandwidth will either be determined by
the feedback configuration or an input pre-filter. The ampli-
fier will then band limit a square-wave input signal to a
bandwidth of fc. For simplicity at this point, we will assume
this to be a single pole rolloff. For such a filter response it can
be shown (33, 67, 70] that the signal slope of the resulting
band-limited—output square wave is

2mVppfc

SSpa =—F— (53)

where Vpp is the peak-to-peak amplitude at the filter output,
fcis the small-signal bandwidth, and SS is in V/u S.

That this signal slope is much higher than a sine wave at fc
(passed through the same filter) can be shown by the rela-
tion of the two slopes. A sine wave at fc will be down by 3 dB

Fig. 43 — Transient performance of
synthesized op- amp model with

different open-loop gains to a 20-V
p-p, 5-kHz square wave. Top traces are
outputs, bottom traces error voltages.
A, R4 = 10k; B, R4 = open.

(Scales: 10 V/cm, 20 yS/cm.)

AUDIO ¢ August 1979



54

Fig. 44 — Test circuit to
examine Vth criteria.
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in amplitude, which can be expressed by modifying equation
(1) by multiplying it by y2/2, yielding

f
SSsine) = ‘/M : (54)
108
Equations (53) and (54) can be combined to show their ratios
as

SS(sq) = 2y Z SSisine) - (55)

Since this is nearly three times the signal slope of a sine
wave at the frequency fc, it is clearly a more rigorous test.
That it is the most rigorous test comes from the fact that the
SS of the unfiltered square wave is infinite. It is clear then
that an amplifier which passes a square-wave test without
nonlinear distortion appearing in the output tends to be an
optimum design. The question now arises, how can this be
guaranteed?

We already know that to guarantee freedom from slew
limiting we must, as a minimum, guarantee that the amplifier
SR is in excess of the output SS for all possible signal condi-
tions. For the non-slew-limited amplifier, this will encompass
the signal slopes of square waves up to the rated output. We
can set up a criterion to provide this with only a few parame-
ters. Initially, let us consider a conventional feedback ampli-
fier which follows the relationships discussed for Vth, SR, and
GBP. By general feedback theory, we can express the
bandwidth of this amplifier as

fc=GBP B (56)
where fc is the small signal bandwidth, GBP is its gain-
bandwidth product, and B the feedback factor. For this initial
part of the discussion we will assume no other filtering, and
the amplifier alone determines the bandwidth, as just out-
lined.

To guarantee no slew limiting, we desire that SR2SS. To
provide this, we can write an inequality, substituting the ap-
propriate equivalents for SR and SS, as they pertain to this
amplifier. SR is as described by (44), and SS by (53). The
inequality is

2 mVth GBP 2n Vppfc
T T (57)

With simplification, we can express this in terms of Vth as

(58)

Equation (58) gives us an expression tor a minimum Vth, but
we can further simplify it by substituting (56), which yields

Vth > VPP fc
GBP

Vth > VppR.. (59)
The rather simple appearance of this expression may hide its
rather profound implications. Since Vpp8 is in fact equal to
the peak-to-peak input voltage, this relationship states that
Vth should be in excess of the maximum pp input amplitude.
In other words, the input stage (alone) will not overload
when driven with a full-scale input signal [47, 67].

That the criterion works can be illustrated with some data
just presented. In test 1, condition C it was observed that the
experimental amplifier did not slew limit when subjected to
a full-amplitude square-wave input. For condition C, Vth was
3V and the SR was 18 V/ 1S. If a minimum Vth is calculated
from (59) for this amplifier, it is found to be 2V. Therefore
condition C satisfies (59), since 3V>2V.

On the other hand, if condition B is examined, it will be
noted that Vth is qnly 0.33 V, and slew limiting did occur
(Fig. 41B). Here the criterion was violated; i.e., 0.33V< 2V.

Another example, more in the line of a real amplifier, was
the variable-feedback amplifier from Part |, discussed in Figs.
3 and 4. If Figs. 4a, 4b and 4c are re-examined, it will be noted
that slew limiting is evident in condition A and some in B.
Condition C is a non-slew-limited case.

Since the gains in this case were 20, 40 and 60 dB, respec-
tively, B is correspondingly 0.1, 0.01, and 0.001. As the output
level is 20 V p-p in all cases, it can be noted that conditions A
and B violate the minimum Vth criterion, which says that
Vpp should be less than the 301A’s Vth of 0.104 V. In condi-
tion C, the criterion is satisfied, and no slew limiting is evi-
dent.

It may already have occurred to some readers that this cri-
terion is a most restrictive one, as it dictates very low feed-
back factors to eliminate slew limiting in the case of low Vth
amplifier stages. \nasmuch as all directly coupled, undegen-
erated bipolar-transistor differential-amplifier pairs have a
Vth of 0.052, this can quite logically explain TIM and slew
limiting possibilities in power amplifiers, where Vpp may be
upwards of 70 V.

It is interesting to plug typical power amplifier numbers
into the relationship of (59) to see what results. A 100 W-
into-8-ohm amplifier with a gain of 20 (26 dB) has a Vpp of
80 V and a B of 0.05, which results in a required Vth of 4 V

. clearly many times in excess of the 0.052 V resulting
when an undegenerated bipolar differential pair is used in
the input stage.

As a historical comment, the vacuum tube, still favored by
many, has a Vth on the order of 3 V, for a typically used type

Fig. 45— Transient response of a 301A,
operated inverting with unity-gain
compensation, Cc = 33pF, to 20-kHz
square wave filtered at 100 kHz. Top
traces are error voltages, bottom traces
outputs. A, slew- limited response, and
B, non-slew-limited response. (Scales:
5 puS/cm both; A, 0.5 V/cm top, 2 V/cm
bottom; B, 0.1 V/cm top, 0.5 V/cm
bottom.)
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Fig. 46 — Transient response of a 301A,
operated inverting and adjusted for
slew suppression, Rx = 1.2 k, Cc = 5 pF.
Top trace is error voltage, bottom
trace is output. (Scales: 5 y S/cm for
both; 0.05 V/cm top, 2 V/cm bottom.)

such as the 12AU7. Viewed in this light, it is quite easy to see
why a vacuum-tube design is much less susceptible to SID
type problems; not only did they have less feedback in gen-
eral, but they could also easily accommodate much larger
inputs without first-stage clipping (47).

Viewed in just the above light, it is rather easy to conclude
that the transistor audio power amplifier cannot be made to
work. If, for example, we were to manipulate 8 to satisfy (59)
for the 100 W amplifier, using a Vth of 0.05, 8 becomes
0.000625 (or less), which corresponds to a gain of more than
60 dB! While this probably is a completely impractical signal
gain, it is possible to use special compensation “tricks” such
as input compensation [25, 31, 63], which provide a low 8,
but at elevated frequencies (above the audio range).

Of much greater interest are practical techniques which
can be used to design an amp for no SID, without having
heavy restrictions placed on the feedback loop. This can be
done by separating the filtering and amplification functions,
so that each can be optimized separately.

If an amplifier is preceded by a low-pass input filter with a
cutoff frequency of fc, the filter-plus-amplifier combination
can control the output signal slope with relative indepen-
dence of the feedback factor. There are still restraints upon
the Vth (or Vpp) of the amplifier, however, they are lessened
to a great degree.

For this discussion it is assumed that the amplifier operates
linearly and its own natural cutoff frequency, as determined
by (56), is sufficiently higher than that of the input filter so as
to cause negligible interaction. For such a linearly operated
system, the peak-to-peak output of the input filter can be
scaled by the gain of the amplifier, and the SS resulting at the

B

output is of the same form as (53), but the relevant Vpp is the
rated output of the amplifier.

If we now write an inequality such that the amplifier SR is
to be maintained greater than the output SS, it follows the
initial development form to (58), which is repeated here

Vths YPRfC
GBP (38)
Written thus, it can be seen that as fc is lowered and GBP
raised, the Vth required can be lowered. Within certain con-
straints, this allows considerably more design freedom. Like
the previous relationship, this is one best understood by ex-
amining some performance which illustrates it functioning.

For an amplifier where Vth and GBP are fixed (as the 301A
example of Part 1, Figs. 3 and 4), the only relief from the
slewing problem is to decrease feedback in accordance with
(59) until the criterion for Vth is satisfied. However, when we
have control over GBP, we can manipulate things effectively
to minimize slewing problems as we can by changing Vth.

A test circuit which can be used to demonstrate the rela-
tionship of (58) is shown in Fig. 44. Here A1 and the associat-
ed components form a 100-kHz single-pole filter, which
drives the D.U.T., connected in an inverting circuit. This al-
lows direct observation of the error voltage, thus this monitor
shows directly when Vth is exceeded. The error voltage of the
D.U.T. is buffered by A2, a high-speed FET amplifier, which
furnishes a voltage gain of 10 to aid observation of low error
voltages without loading the summing point. Rx is used to
adjust the feedback of the D.U.T. test amplifier. A small (10
pF) feedback capacitor is used to minimize HF phase errors
(which can obscure detection of slewing near threshold).

To check the validity of (58), a hypothetical amplifier stage
was set up to pass a 6-V p-p output signal, after being filtered
by the 100-kHz input filter. (Such a stage, for example, could
represent the last stage of a preamplifier, and the numbers
quoted are reasonable design figures.) A 301A compensated
for unity gain with a resulting SR of 1 V/ uS and GBP of 1.5
MHz was used, with Rx open. The results for this device are
shown in Fig. 45. .

The bottom trace of this photo, 45A, is the output, which
as can be noted is severely slew limited for the 6-V p-p level.
The error voltage (top) is 1V peak in level, well in excess of
Vth, a confirmation that slewing is present in the output.

If (58) is an accurate predictor of slew suppression, it
should be possible to adjust this stage to a point where slew-
ing is not present.

If (58) is rewritten in terms of Vpp, as

< Vth GBP
Vpp=—1T

= (60)

we should be able to calculate a Vpp below which this is
true, for this circuit. Equation (60), with the substitution of
the appropriate conditions, indicate that slewing should dis-
appearbelow 1.5V p-p, the level where Vthis 0.1V.

A photo for these conditions (displayed similarly) is shown

Fig. 47 — Transient response of TL070,
operated inverting with unity-gain
compensation, Cc = 33pF, GBP = 1.5
MHz, Vth = 0.67 V, to 20-kHz square
wave filtered at 100 kHz. Top traces are
error voltages, bottom traces outputs.
A, slew-limited response; B, non- slew-
limited response. (Scales: 5 yS/cm
both; out puts both at 5 V/cm; error
voltage, A,1V/cm, B, 0.5 V/cm.)



in 45B. As the output level and Vth indicate, slewing is just
barely discernible in the output waveform (bottom). For lev-
els below 1.5 V it will be absent; above 1.5 V it will appear
with increasing degree, with increasing amplitude. ‘

Equation 60 can also be used to adjust GBP to a point
where higher output levels are possible without slewing.
With the same 301A compensated with 5pF, its GBP became
10 MHz, which should allow the 6 V p-p output to be real-
ized. For stability, Rx must become 1.2 K for.this test.

The results, shown in Fig. 46, indicate that a 6-V output is
realized without slewing. As can be noted, the error voltage
is under 0.1 V (top) for this condition, indicating that opera-
tion is conservatively below the slew limit level. Equation 60
actually predicts a 10 V p-p output before slew limiting is
reached.

Another demonstration of how the relationships of (58)
and (60) operate is possible by using an amplifier with a
radically different Vth to see if it predictably follows a similar
pattern. This was done for a TLO70 device, which for a similar
compensation capacitance of 33 pF also has a 1.5 MHz GBP.
However, due to its higher Vth of 0.67 V, the SR for this
device and condition is 6.7 V/ yS. As should be noted, these
conditions produce a test amplifier with 6.7 times the Vth
and SR over the 301A.

Figure 47A shows the output/error voltages for the TLO70
compensated as noted for a 20-V p-p output. Slewing is evi-
dent in the output (bottom) and indicated by the 2-V peak
error voltage (top) which is in excess of Vth. Equation (60)
predicts that slew limiting should disappear below a 10-V p-p
output, which is shown in 47B. Note that the error voltage is
just over 0.6-V peak, and slewing is just barely noticeable in
the output (bottom).

If this amplifier is adjusted for a higher GBP, as was done
in the 301A case in Fig. 46, it shows a similar improvement.
For this 10-MHz GBP condition, the output predicted by (60)
would be 67 volts p-p or in excess of the supplies. The results
at a 20-V level are shown in Fig. 48, and there is no slewing
detectable at all.

It should be noted that these two examples do indeed
demonstrate similar adherence to the relationship described.
If the results are compared for conditions where the error
voltage is at the Vth level, for example Figs. 45B and 478, it
can be noted that although the two output levels produced
are different (due to different SR and Vth), the error voltages
are of a similar percentage of the output or about 6.7 percent.
This demonstrates that it is, indeed, possible to satisfy a com-
mon criteria (SR>SS) by different means, with similar errors
by the different routes taken.

Another way of stating this is to rephrase an earlier state-
ment, that Vth in itself is not a single totally important
parameter—it is important to this subject to the extent it
affects SR and input overload. The relationships set down in
(58) and (60) are somewhat deceptive in this regard, as they
do not contain an SR term. However, it should be remem-
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Fig. 48 — Transient response of a TL0O70,

operated inverting and adjusted for
slew suppression, Cc =5 pF, Rx =1.2 k.
Top trace is error voltage at 0.1 V/cm,
bottom trace is output voltage at
5V/cm.

bered that these two relationships are fundamentally based
on an SR criterion and, as such, contain terms which are
useful towards manipulating or maximizing SR. In a very
broad perspective, it should also be understood that it is in-
complete to imply that input dynamic range, Vth, or other
similar conceptual terms describe the entire situation in
terms of a no-slew-limit guarantee, for they do not. As the
experiments just described have demonstrated, even a low
Vth amplifier can be effectively used. If its operating condi-
tions are set up to provide an SR>SS, the obvious slewing
distortion can be suppressed.

There is a great deal more which can be said about specific
amplifier operating conditions and methods of suppressing
SID by guaranteeing SR>SS. Unfortunately, however, the
scope of all of these factors might be a complete article or
series in itself. Therefore, we will limit comments on these
points to the highlights at this time. '

What the relationships just discussed show is that when
the output of an amplifier stage is, by design, purposely con-
fined to signal slopes less than the SR of that amplifier, the
amp will not slew limit. Further, if SR is maintained greater
than SS for all output levels up to (or above) the clipping
level, the amplifier will not slew limit for any input level
below clipping.

While this was demonstrated with a model consisting of a
separate input filter followed by the amplifier under test, it
also holds true when the filter is integral to the amplifier, i.e.
the amplifier is an active LP filter. An amplifier can, in fact, be
designed in this manner for slew suppression, as described
by Leach [10]. However, the conversion of an amplifier to an
integrator at high frequencies will usually result in more
compensation being necessary for stability, hence there can
often be little net improvement for this approach.

Fig. 49 — Transient response of a non-
slew-limited amplifier design, loaded
with 8 ohms, to a 10-kHz square wave.
Top trace is input at 2 V/cm, bottom
trace is output at 20 V/cm.
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In practice, effective control and design freedom are also
realized when the slope limiting filter is placed before the
amplifier. This allows reduced compensation and a high SR in
the amplifier, with complete control of maximum signal
slope by means as simple as a single RC input section.

An example of a power amplifier design based on these
principles is described in reference [71], and it is worth not-
ing that a commercial design [72] following these principles
has received some good marks from audiophiles and subjec-
tive reviewers. To illustrate the point that this amplifier is
indeed a non-slew-limited design, a full-level output (80 W)
square wave from it is shown in Fig. 49, along with the input
square wave. It is clear that the response .is small-signal-
bandwidth limited only, and the 6 uS risetime does not, in
fact, vary as a function of level.

The design techniques and experimental data described
above for reduction of SS by prefiltering at the amplifier in-
put have all been based upon single-pole, low-pass filters.
While this type of filter has been shown to be quite effective
for control of SS, and thus prevention of slew limiting, more
sophisticated filter techniques are even more effective in re-
ducing SS.

It has been shown [12, 66, 67, 70] that higher order filters
are even more effective for reduction of SS, compared to a
simple first-order type, for a given cutoff frequency. There
are, of course, trade-offs to be made in comparing one to the
other, considering the higher performance against the in-
creased complexity. Also, the damping of the filter must be
considered, as well as its frequency. However, the increased
complexity of a second-order filter really depends on exactly
how it is realized and may not in fact be prohibitive. For
example, Leach has shown in [66] how the amplifier itself
can be used as the active portion of the prefilter, without
undue stability constraints, in what appears to be a practical
and attractive topology. Further, in [70] it is shown that a

second-order Bessel LP filter alignment will produce approxi-
mately 1/2 the SS of a single-pole filter for otherwise similar
conditions. Unfortunately, time did not permit detailed ex-
perimentation with these techniques for this article, but they
appear to have significant merit towards the reduction of SID
effects.

Generally, the above discussion describes two alternate
means which can be used to design a non-slew-limited am-
plifier and thus prevent SID and TIM. A logical question
which may be raised is, do they yield equal results in audi-
tioning? While we do not at this point have subjective re-
sponse data to definitively answer this question, informal lis-
tening tests by one author (W.}.) tend to favor circuit topolo-
gies which are designed from a standpoint of equation (59),
using linearized input stages, such as FET or degenerated bi-
polar devices. As time progresses, it is hoped that further
listening tests will more clearly define the optimum choice
between the two approaches.

Conclusions

In this article we have attempted to cover a quite broad
topic from a multiplicity of viewpoints, in both discussion
and analysis. These different techniques of analysis all indi-
cate a common pattern of distortion in feedback audio
amplifiers, which is a function of the ratio of signal slope to
amplifier slew rate, a dimensionless parameter we define as
SR ratio. When the SR ratio is less than unity, this distortion is
suppressed; when greater than unity, strong nonlinear distor-
tion products appear, which are subjectively objectionable.

Control of this distortion, which we call SID, can be
achieved by maintaining linear amplifier behavior, with an SR
greater than the highest SS, or stated in terms of SR ratio, an
SR ratio less than unity. Since SS is both frequency and am-
plitude dependent, it follows that greater SR in an audio am-
plifier is required for higher voltage output stages, where the
SS is highest.
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Control of this distortion can be exercised by appropriate
selection of amplifier type, by specifying an SR sufficient to
the application. In design, it can be achieved by providing a
sufficiently conservative SR (on the order of 0.5 V to 1V/ 1S
per peak output volt) or by designing for a non-slew-limited
response. A non-slew-limited amplifier has an inherent SR
greater than its maximum possible output SS and will there-
fore never slew for any input signal, including square waves,
or its SR ratio is guaranteed <1. It is characterized by fre-
quency response which is small-signal-bandwidth limited,
for any output below its clipping level. As such it has no
major nonlinear distortion products due to slewing effects.
Such an amplifier is also said to be TIM free and may be
described in this context as well.

It is recognized that there is considerable controversy on
the relative importance of TIM and SID, their audibility, and
some of the relevant design criteria. For this discussion, it is
not our purpose to dwell excessively on the relative impor-
tance of SID, its audibility or other factors which are often
subject to opinionated views. What we seek to do is describe
means to quantify and control this distortion mechanism,
and basically this is the only main point being addressed.

The existence of the distortion mechanism is, of course,
not a subject of debate, and like other distortions in ampli-
fiers, knowledge of its behavior patterns is valuable to either
the circuit designer or the informed user of audio equipment.
We would, however, like to express caution with respect to
certain alarmist commentary, for example those to the effect
that low TIM or minimal SID is the magic elixir of quality
audio. While this distortion source is quite important, so are
many others. Once sufficient linearity and slew rate have
been provided in a design, there may actually be little gained
by boosting SR further (to far beyond that necessary). The
optimu audio amplifier is best designed with all contribu-
tions to audible defects given proper perspective.

We appear to currently be immersed in a specifications
race on the part of some manufacturers in this regard, which
is not only unfortunate for the confusion it spreads (as to
what is most important), but doubly so from the standpoint
that if nonlinear techniques are being used to achieve high
SR numbers, the user can actually pay a penalty in higher
distortion!

Another specifications race practice appears to be the quo-
tation of amplifier maximum output SS for small signal con-
dition as its specified SR. If an amplifier is operating linearly
in non-slew-limited conditions, the output SS for a fixed sig-
nal will linearly follow the output level, and at no point will
it reach the true amplifier SR, which is, in fact, a limit. It is
therefore erroneous or misleading to quote a maximum SS as
an SR in such a case, as the true SR limit is never reached. In
our opinion, while such an amplifier has real merit, it might
more clearly and suitably be described in such terms as
“maximum linearly reproduced SS” or the qualifier added
that it is a true non-slew-limited design, as described in the
text. Using the terminology of SR implies that the amplifier
can be made to slew; if, in fact, it cannot be made to slew
this should be clearly stated, for it is a point which distin-
guishes the design.

(In Part Il on page 44 in July under “Comparison of Test
Methods,” we made the statement that the squarewave’s
fundamental amplitude was 12 dB larger than the sine
wave’s. The square wave itself is 12 dB larger in amplitude, as
described in the sidebar.)

We hope this discussion has served to bring together some
of the various issues involved so as to create a new perspec-
tive for the reader. We recognize that some of the points
made in this article have been made elsewhere and acknowl-
edge the work of previous authors. We believe that the ex-
tensive bibliography will be helpful to the reader to appreci-
ate this material, and to tie older data in with the new materi-
al presented within this article. 4
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