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Abstract

Conventional distortion measurements do not always covrelate with
the audible quality of audio amplifiers. One possible reason Jor this is
the transient intermodulation distortion, which is wnpleasantly auwdible
but lacks a commonly known easily performable measurenent method.

Three new measurement methods are presented. They are the overshoot
clipping method, the square-wave intermodulation method and the
pseudo-random noise intermodulation method. The relative merits and
drawbacks of the methods are discussed,

Introduction

Transient intermodulation distortion (TIM) arises when a forward path within
a feedback loop is too slow to make the feedback circuit follow an input signal under
transient condition (1) (2). The steep slope of a transient passes to input stages without
the controlling characteristics of feedback, and therefore transient amplitude may excurse
beyond the linear region of the amplifier.

During the overload condition other simultaneous signals are distorted, the degree
depending on the length and strength of the overload. In very heavy overload a proportion
of simultaneous other signals may simply vanish.

It has been said that TIM is just another definition of slew rate and its existence can be
deduced reliably by measuring the slew rate or power bandwidth. This is true in the case
where the amplifier open-loop gain is linear until the abrupt overload level is reached.
If, however, the open-loop transfer function has a »softy s-form, the amplifier will already
be excessively non-linear before the final overload level is reached. As seen from the
output the amplifier remains linear due to feedback when measured with a nsteadyy sine
wave test signal. Internally, however, the transients will intermodulate other simultaneous
signals, which are amplified in transient condition by the non-linear part of the transfer
function. The feedback will of course correct the non-inearity to a certain degree, but
there will in any case be distortion, which is basically TIM although the slew rate is not
exceeded.

The CCIF IM, or difference-frequency distortion measurement method seems to
reveal TIM when two closely spaced high frequency test signals are used, but those two
signals do not reveal very well the incremental gain decrease, which is a result of the
TIM-overload.

Accordingly a more sensitive and more reliable method would be desirable.

Three possible methods are described in the present paper. The first one has already
been outlined (2) and it is mainly an indicator of TIM. The second and third methods
are capable of giving the amount of distortion as a percentage of the measurement signal.



Overshoot clipping method

The power amplifier in Fig. 1 is driven by a low-pass filtered step V, (Fig. 2).
The frequency content of ¥, lies within the closedloop frequency response of the
amplifier, but provided that the pole due to RC is lower in frequency than the upper
cut-off frequency of the preamplifier, there exists a notable overshoot in the error
voltage V3 (1), (2). The overshoot may overload stage A, so that a momentary
intermodulation burst arises.

In checking interloop transient behaviour of an amplifier the first step is to identify
the slowest stage in the forward path. This is usually the point where the lag compensa-
tion of the amplifier is applied. Beyond this stage, the overshoot has been smoothed out.
Before this stage the overshoot is present and may be suppressed if it exceeds the dynamic
margins of the respective stages. The second step is to find the input signal level at
which this suppression occurs. If this level is within the usual operating range, the
amplifier will produce TIM under normal operation,
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Fig. 1. A block diagram of a power amplifier. RC is the lag
compensation and § is a purely resistive feedback loop.
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Fig. 2. Step response of the amplifier of Fig, 1.
Vo and V4 are normal low pass filtered steps,
but the error signal V3 has an overshoot due
to RC.
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Fig. 3. The typical driver of a complementary symmetry
power amplifier. The resistor R is inserted in the collector
of QO for detection of current overshoot.

As an example consider the circuit of Fig. 3. It shows the typical driver stages of
a complementary symmetry power amplifier. The slowness of the amplifier is concen-
trated is stage (J, due to the compensating capacitor C. The overshoot to be studied
appears at the collector of @, as this is the summing point of the input signal and
the feedback signal. If V4 is overloaded, this will happen at the collector of (), because
of the very low input impedance of the base of @, due to Miller effect. In this case
the overload will be seen in the collector current of Q. This can be measured by
inserting resistor R in series with the collector and by measuring the waveform across it .

By slowly increasing the input voltage and noting any changes in the ratio Liear/l s
the amount of TIM can be estimated from the level of which the overshoot suppression
begins, and from the length of the overshoot but exact numbers cannot be given.

This measurement can be performed with standard equipment available in any
laboratory, but as it requires penetration into the internal structure of the amplifier it is
best suited to a designer. Although the method is not accurate it is very sensitive because
it will even give information, when TIM is just about to appear.

Square-wave intermodulation method

When the theory of TIM was published (1) (2}, the open-loop gain was supposed to be
linear until an abrupt overload level. In practice, however, the maximum output of A,
(Vyim in Fig. 4) may be preceded by large non-linearities far below it.

Let us consider a case, where the input signal consists of one step and other simul-
taneous signals. For convenience let the amplitude of those signals be so small compared
with the non-linearity that the gain 4, may be regarded as piecewise linear for them.
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Fig. 5. Incremental gain decrease and phase change in the over-
load condition.
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This gain may be called incremental gain and its value is the derivative of A4, (Fig. 4) at
each operating point,

If a step causes a TIM-overload in 4 | » the operating point for the other signals moves
to the non-linear part of 4, and the open-loop incremental gain decreases. If the decrease
is small compared with the feedback value, the closed-loop incremental gain does not
change for low frequencies (Fig. S). However, provided that the overload does not change
the parameters of the frequency compensation, the closed-loop upper cut-off frequency
decreases from f, to f, (Fig. 5). The closeddoop incremental gain then decreases in
the high frequency range between f,, and I, (Fig. 5), the decrease being in the upper
cut-off frequency approximately equal to the decrease of the open-loop gain in A4, . In
addition, a phase change is produced reaching even to frequencies as much as a decade
below f, in Fig. 5. The most sensitive frequencies for the phase shift are those around
a tenth of the upper cut-off frequency f,, because in steady state condition they do
not have notable phase shifts but at the moment that the incremental gain decreases,
their phase will be changed. Accordingly, in overload condition the simultaneous signals
will have a change in phase or both in phase and amplitude depending on the signal
frequency and the degree of the overload. Fig. 6 shows incremental gain decrease and
phase change with increasing overload degree to a signal, which is in frequency a tenth
of the upper cut-off frequency, for an amplifier having an open-loop gain of 80 dB,
a feedback of 60 dB and the exponential non-linear open-loop gain.
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Fig. 6. Gain-phase shift curve with increasing overload degree
to a signal, which has a frequency one decade below the upper
cut-off frequency. The amplifier open-loop gain was 80 dB and
feedback 60 dB.

Sine wave - square wave measurement signal

The test signal is a combination of a low-pass filtered square wave /1 and a sine wave
f5, which is higher in frequency and lower in amplitude as in Fig. 7a. If an amplifier
produces TIM the square-wave transitions overload some of its stages, the gain for
the sine wave decreases momentarily from A to A', and the phase changes from ¢ to ¢’
(Fig. 7b). The sine wave is then both amplitude and phase modulated, depending on
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Fig. 7. Amplifier loading by sine wave - square wave signal, The
gain for the sine wave decreases and the sine wave phase changes
every time that the square wave overloads the amplifier.

the sine frequency f, and on the degree of the overload. The modulating frequency is
twice the square-wave frequency [, if the overload properties of the amplifier are such
that both transitions of the square-wave period will cause an overload. If, however,
the amplifier overloads only during one of the two transitions, the modulating frequency
is fy. The sine wave will have sidebands at frequencies f, * nf,, where n is an integer
depending on the overload characteristics of the amplifier. The resulting signal may be
described as

(1) = A(t)a,sin(w, f + &(1)) (1)

where A(t) is the incremental gain
@, is the amplitude of the sine wave
w, s the angular {requency of the sine wave
¢(t) is the phase of the sine wave
{ is time

Equation (1) can be modified to

f(z) = A()a,[sinw,cos(t) + cosw, rsing(1)] (2)
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To facilitate the analysis let us assume for a moment that @(t) is zero. The equation (2)
then reduces to

(1) = A(t)a,sinw, t (3)

In the frequency domain this appears as the spectrum of A(r)-envelope centered at
angular frequency w,.
Secondly, let us assume that the gain A(r) is constant 4, and

@(1) = {—p during the overload At(p < 90%)
{0 otherwise

Equation (2) then has the form
f(£) = Aa, [sincw, 1 cosg(r) + COSw, Ising(1)] (4)

The term sincw,7cos¢(r) appears in the frequency domain exactly like equation (3).
The term cosw,fsingr can be calculated in the same way and the resulting frequency
components overlap with the components of the first term, but the phase shift of 90
degrees must be taken into account before summation.

The frequency spectrum of the whole signal of the equation (2) can be calculated
step by step first taking into account the components due to phase modulation and then
calculating the effect of the amplitude modulation. These operations are time-consuming
and because the frequency components from phase and amplitude modulation overlap,
let us consider a simplified case, where the phase modulation is omitted.

The incremental gain envelope of Fig. 7b is assumed to have a form of pulse train
with T/2 = 500 us corresponding to a loading square-wave frequency of 1 kHz. The
overload time Af is assumed to be 10 us. Let us take a value of 20 dB for A4 and —oo for

. --- | ’ J | -
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Fig. 8. Non-harmonic sidebands of the sine wave
produced in sine wave - square wave loading.
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A’ If the attenuation of the lag compensation is not taken into account the sidebands
will have the values of

Frequency Amplitude

Basic sine wave 15 o

Sidebands LE2f, ~ 2%ofa,
LE4f, ~ 2%ofa,
fa £10f; ~ 2% of a,

, 20f, ~ 19 % of a,

For an input signal spectrum as in Fig. 9a the resulting output spectrum may have
the form shown in Fig. 9b.

It an amplifier produces TIM, a variety of sidebands will appear around the sine wave
when the amplifier is loaded with a sine wave - square wave signal. The easiest way to
detect the sidebands is to use a low frequency spectrum analyzer (4) and in this way
the whole measurement can be performed without specially designed equipment the
only problem being, of course, the poor resolution and low fundamental rejection of
most spectrum analyzers. Another possibility is to pick up the sidebands with a high-Q
band-pass filter.
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Fig. 9. (a) Frequency spectrum of the measurement signal, (b) Resulting
output spectrum.
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[t makes sense to stabilize the spectrum of the measurement signal by locking f, and
[ in frequency with each other. To make sure that the resulting sidebands do not
overlap with the frequency components of the input signal, | and f, should be selected
so that

nfy <fy = mfy <@+ 1)f ()

where nf; represents a harmonic component of the square wave and m represents
the order of a sideband. Equation (5) can be modified by taking m + n = v to

vfy <, <@+ D (6)

For an optimum result f; and f, should be selected so that
5
‘f—ﬂw.’y(ﬂ‘F l] (?)
1

However, using frequencies selected by that criterion the sidebands of high order,
which are mathematically negative in frequency would overlap with the sidebands of
low order. The criterion of the optimum frequency relation 15/f, must therefore be
modified to be

fgff] 2'\/@ + 1)\/1;(1) + 1) (8)

Let us take a value for f, of 15 kHz, which is the highest frequency which has standard-
ized level limits in audio reproduction. Then only lower sidebands are mteresting and
final recommended values for /i and f; with v of 4, are 3,18 kHz and 15 kHz, respectively.

The level of TIM-sidebands depends on the selection of the measurement signal
parameters. The overload time Af (Fig. 7b) is constant for a given input signal. If the
square -wave frequency increases the amplifier will stay in- overload condition for
proportionally longer time, and hence the amplitude of the sidebands will increase.
Therefore details of parameters f;, f,, test signal level and square wave filtering frequency
must be given together with the level of the sidebands.

The pseudo-random noise method

The noise transfer method has been extensively used in telecommunications to
indicate the so-called »loading noise» (i.e. intermodulation products) in carrier frequency
and radio link equipment. The method consists of white noise input signal, of which
a band of frequencies has been filtered off, Fig. 10b. The measurement is performed
using a matched band-pass filter, Fig. 10c, and by measuring the amplitude of the noise
intermodulation products falling into this frequency band. When the filter center
frequencies are changed the whole frequency range of a system can be covered,
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Fig. 10. Pseudo-random noise intermodulation method,

The theory of the method is readily understood and the results are well tabulated
(see, for instance (6)). However, the application of this method to audio frequencies is
difficult due to the expensive and bulky analogue filters.

This measurement can, however, be performed digitally by generating a band-limited
pseudo-random noise input signal and by using digital filtering for the output signal.
A proposed construction for the measuring instrument is shown in Fig. 11.

The instrument is controlled by a read-only memory ROM 1 and a Micro-processor
CPU, which governs two address counters AC 1 and AC 2. These generate phased
alternative addresses for a read-only memory ROM 2. This memory contains the binary
equivalent values of a (sinx)/x-sequence, which has the character of a band-limited line
spectrum. The frequency-offset phased two simultaneous (sinx)/x-trains form the basic
pseudo-random noise spectrum, which, with suitable choice of parameters, has a band
of frequencies missing.

By changing the parameters, it is possible to sweep this frequency band, thus generating
a noise-like measurement signal having a continuously sweeped band-reject characteristic.
This digital signal is then converted into analogue form in an adder 4 and a digital-to-
analogue converter DAC, and additionally filtered in a sweeping analogue band-reject
filter AR 1.

The distorted signal from the output of the amplifier under test is band-pass filtered
in a sweeping analogue filter AF 2, and subsequently converted into digital form in
a analogue-to-digital converter ADC. The digital signal is fed into a comb-type digital
filter, the results are processed in CPU and shown in display D,
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Fig. 11. A proposed construction of a pseudo-random noise intermodulation measurement
instrument.

The physical realization of this instrument seems feasible with 12 bit ADC and DAC,
and a 16 bit word length in the CPU. The merit of the design is that the instrument is
capable, in principle, of distinguishing between THD, IM and TIM with suitable
programming of the sequences and noise parameters. With the rapid decrease of the
price of digital components, the total cost of the instrument should not be prohibitive
in the near future.

Conclusions

Three different measurement methods for the measurement of transient intermodula-
tion distortion have been discussed. The overshoot clipping method is qualitatively quite
sensitive, but necessitates penetration into the amplifier and is very tedious.

The square-wave intermodulation method is readily adaptable in certain existing
distortion measurement instruments, and is both qualitatively and quantitatively sensitive
and accurate.

The pseudo-random noise intermodulation method holds a promise for the automated
distortion testing of amplifiers, but must still be considered to be in an embryo stage.
It will, however, probably be a universal method, capable of detecting all distortion
components, irrespective of their origin.
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