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Fuzzy Distortion in Analog Amplifiers:
A Limit to Information Transmission?”
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University of Essex, Department of Electrical Engineering Science, Wivenhoe Park,
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A theoretical model is introduced that attempts to emulate a low-level distortion
mechanism inherent in bipolar junction transistor amplifiers and, as a consequence,
suggests a low-level bound to the transmission of fine signal detail. The model gives
positive support to the low-feedback school of design and proposes circuit techniques
for maximizing signal transparency. The design principles have particular relevance
to low-level signal stages, but should also find an association with all classes of amplifiers.

0 INTRODUCTION

The last decade has seen substantial debate concerning
the relationship between objective and subjective as-
sessment of amplifiers. Measurements have frequently
been performed with often impressive results [1], yet
on extended audition significant audible differences
can still be perceptible.

Various investigations have cited, for example, the
levels of harmonic distortion as a measure of excellence,
where emphasis has been directed to the distribution
and relative weights of the harmonic structure. Con-
clusions have been drawn suggesting that low-order
harmonics exhibiting a smooth rolloff in amplitude with
frequency [2], (3] are a useful indicator of an amplifier’s
performance. However, when on this basis the levels
of distortion are critically compared, it is generally
difficult to assert a high correlation between objective
and subjective results. In fact auditioning of amplifier
performance suggests that the absolute level of harmonic
distortion is, within limits, only a second-order interest,
as highlighted during valve/transistor comparison.

A second indicator of potential excellence depends
on the assessment of transient intermodulation distortion
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(TID) [4], [5], a distortion that is prevalent in slow
high-loop-gain feedback amplifiers. However, design
criteria have been established [6], [7] which minimize
the onset of TID. Clearly, TID is only part of the dis-
tortion repertoire and is probably of minimal conse-
quence once the probability of its occurrence is low.

Primary and secondary crossover distortion, though
predominant in power amplifier circuits, also occur in
certain low-level operational amplifiers that use class
AB output stages. However, although this nonlinear
mechanism can lead to significant signal impairment,
there are now a variety of design techniques [8]-[10]
that successfully minimize the error signal.

A direct consequence of amplifier nonlinearity and
signal interaction is partial rectification, which produces
a dynamic shift in the quiescent bias state. If an amplifier
incorporates energy storage elements (such as ac cou-
pling and by-pass capacitors), then the error signal is
filtered and exhibits “overhang,” which is dominant
in the lower midrange and bass frequency bands. Am-
plifiers should therefore minimize energy storage com-
ponents and be designed to be near aperiodic within
the audio band. Research has shown that an asymmetric
pulse test is a sensitive method of assessment [11],
[12].

Where amplifiers are operated at high signal levels,
other mechanisms of dynamic distortion become sig-
nificant. Nonlinear delay modulation (NLDM) of the
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signal will occur due to the dynamic variation of tran-
sistor parameters with signal: Modulation of collector—
base capacitance with collector—base voltage, the shift
of small-signal bandwidth with collector current, and
general parametric changes when devices are thermally
exercised are all contributory factors. However, after
reviewing the many conventional forms of nonlinearity
it is apparent that certain areas of subjective assessment
still elude a satisfactory explanation, and it is unclear
as to an optimum design strategy. Specifically the area
of greatest concern is that of subjective clarity or what
may be usefully described as signal transparency: the
ability to resolve fine signal detail, especially in the
presence of complex high-level signal components.
There appears to be a distinction between distortion
mechanisms that ““color” the signal, thus adding their
own character, and distortions that corrupt fine signal
detail.

This paper addresses what is believed to be both a
significant and a neglected factor of amplifier perform-
ance where two basic clues have emerged: first, that
amplifiers using low or distributed feedback often au-
dition with higher rank, even though they may exhibit
higher levels of error signal, and second, that low-
level amplifier stages appear particularly susceptible
to signal impairment. A primitive theory is.proposed
and a design strategy presented as a means of perform-
ance optimization.

In preparing the work presented in this paper, a lit-
erature survey revealed an embryonic idea first published
by West [13] in 1978. However, the idea was not de-
veloped to any extent, and its significance with respect
to amplifier design was not established in depth. A
later discussion-by Curtis [14] dismissed the theory as
a cause of “‘transistor sound.” The author considers
this dismissal somewhat premature and attempts in this
paper to extend the theory in more detail, with respect
both to-the charge-control model of a transistor and to
the application of the derived theory to amplifier design.

1 FUZZY NONLINEARITY: THE THOUGHT
EXPERIMENT

Classical circuit theory represents current as a con-
tinuous function that flows smoothly and can be con-
sidered to have infinite precision within an uncorrelated
random bound. This viewpoint is taken from a mac-
roscopic stance of electromagnetism where the indi-
vidual electrical fields of electrons merge to a non-
granular continuum that allows near infinite precision
in the transmission of information. Account is of course
taken of the behavior of partial randomness of electrons,
and this is introduced through linear noise analysis
where the noise is seen as the limiting factor on low-
level signal resolution. In fact basic calculations on
the numerousness of electrons would suggest this to
be perfectly reasonable and of little consequence to
the audio circuit designer. We speculate here that this
may well be an invalid assumption which disguises the
true limit to the ultimate resolution of a low-noise am-
plifier stage.
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Transistor operation depends in part on the transfer
of charge from signal source to device, a theory first
proposed by Beaufoy and Sparkes [15]. Essentially the
theory shows that the level of collector current in a
bipolar junction transistor (BJT) is a linear function of
the local stored charge in the base region. The theory
also proposes that the continual base current of a BJT
provides a ““top up”’ charge to compensate for recom-
bination resulting from a finite carrier lifetime within
the base. In equilibrium the rate of recombination is
Jjust balanced by the base current to maintain a constant
average charge, which in turn determines the collector
current.

However, in this paper we shall not be concerned
directly with the mechanics of device operation, only
a consequence of those mechanisms, namely, the level
of charge transfer required in the amplification process.
The probable importance of charge levels can be es-
tablished by the following thought experiment.

In this discussion we shall evaluate the approximate
levels of charge that are transferred to the base of a
transistor under low-level signal excitation. Fig. 1 shows
a basic zero feedback amplifier stage interfaced to a
moving-coil transducer with source resistance r., where
the input impedance of the amplifier is derived directly
from the hybrid-m equivalent circuit of a transistor. In
Fig. 1 ry,' is the base bulk resistance, ry. the dc input
resistance (modeling small-signal recombination), and
Cy'. the base region capacitance storing the charge gy
which controls the collector current.

A value of the base storage capacitor can be estimated
directly from a knowledge of f3, the 3-dB bandwidth
of kg, which is the collector—base current gain, assuming
a first-order response,

1

Cpe = 5
b'e Zﬂrb'efﬁ

Vep — constant (1)
this expression is derived from the observation that the
reactance of Cy. is equal to ry . at the frequency fj, it
also follows that Cy, = I, (emitter current).

Let us further our argument by considering the output
voltage v; of a moving-coil cartridge,

v, = %Vn sin (2 ft) 2)
where V, is the nominal cartridge output amplitude at
a normalized frequency f,, typically 1 kHz. If the dy-
namic range of the system is DR, then the minimum

Fig. 1. Basic transistor amplifier stage.
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resolvable signal level Av; is

Av, = }f; ];/ln{ sin 27 f1) . ' 3)

In defining DR we refer to the smallest resolvable
change in signal level that can exist without nonlinear
corruption from complex high-level signal components.
Ideally this change in signal level should be below the
noise floor.

We next assign a minimum resolvable time period
T, estimated by direct reference to the sampling theo-
rem, which conveniently relates 7, to the audible
bandwidth f,,

1
TTm = 57 - 4
n =57 @)
Assuming a sinusoidal input signal, an expression
for the control base charge gy(¢) for an input signal Av;
is derived as

gp(1) = 1 S
2mryefs fu DR

sin (27 ft) (5)
where
) 1
Fe + vb << |r'b'e I Zﬂfcb’e| .

Hence the change in control charge that occurs over a
time T, is

T Tm
Agy, min = Qb<t + '2ﬁ> - Qb<z - ”’2_) (6)

where, aligning the difference equation to maximize
Agy, (in this sense our estimation is optimistically high)
and assuming sin (7 f1,) = 7 fT,, we have

Vi f?

A n = Ao . @)
o-mie = 21y DR fofufe
We note from standard transistor theory that
ree = (1 + hfe)re ®)
re = 0'?25 , (I, in amperes) )
[
fio = + h)fp . (10)
Hence
I 20V, f?
o mi DR fifufr

To estimate typical values of changes in the base
charge consider the following data base:

Vo = 200 pV medium output mov-
ing-coil cartridge, -

I, = 107%A transistor emitter bias
current,

fr = 50MHz bandwidth to unity A,
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DR = 10 80-dB dynamic range,

fx = 1kHz normalizing frequency
for cartridge,

fa = 20 kHz audible bandwidth,

e = 196 x 107 C  charge on electron,

he = 500 small-signal collector—

base current gain (Vg
constant)

whereby the minimum change in base charge i\s eval-
uated as

Agy min = (2 X 1075 2)e [coulombs] (11)

Eq. (11) shows a remarkably low level of average
charge transfer that occurs for small signals observed
over the minimum resolvable time period (here assumed
to be 25 ws).

It is also instructive to estimate the change in the
number of electrons transferred into the base region
through recombination over the minimum time period
Tm, due only to the minimum signal component Av;.

If we assume ry, to be the dominant input resistance
of the transistor, the base input current Aj; associated
with Av; is

= £ Vn
fn rb'eDR

Aj; sin (27 f1) . (12)

The charge Ag, transferred from source to input due
to recombination in time T, is calculated by integration,

1+7/2
Ag, = f
1—Tm/2

Aligning the integration window to maximize Ag;
and again assuming that  f, is small,

Ai; dr . (13)

_ 20V,1. f
A = 0T ho DR ffy (19
Using the same data base,
Ag, = 0.2fe [coulombs]. (15)

Egs. (11) and (15) show that low-level signals in
transistor stages are associated with an extremely small
transfer of charge into the base of the input transistor.
The basic analysis indicates that within 7, the signal
amplitude generally has greater effect on the charge
transferred for recombination than that charge having
direct control of the collector current (according to
charge control theory). Nevertheless both calculations
yield results of only a few electrons.

We therefore propose a theory that partial signal
quantization is the fundamental process that sets an
inherent bound to signal transparency through a tran-
sistor stage. Both Eqgs. (11) and (15) support the prob-
able existence of significant granularity where Eq. (11)
suggests a form of amplitude quantization and Eq. (15)
an association with 1/f noise.

It is also proposed that signal interaction with inherent
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nonlinearities in transistors, together with even small
levels of interference from power supplies, neighboring
circuitry, or undesired signal coupling (such as poor
ground line design), can easily corrupt such minute
signals and that such corruption should be interpreted
as modifications to these low charge levels.

We conclude this preliminary discussion by giving
in Table 1 typical levels of charge transferred to the
base of a transistor within the minimum time period
Tm = 25 ws against various signal levels to illustrate
the potential dynamic range available. The example
already cited in this section is used as a data base.

2 FUZZY MODELS

In this section we build upon the observations made
of quantization and the relative magnitudes of low-
level signals by introducing a basic model of the dis-
tortion process. It is emphasized that although the model
is primitive, it is a natural extension of our thought
experiment.

The proposed model is to be classed as ““fuzzy” and
the resulting distortion as fuzzy distortion due to its
strong stochastic association. We commence by estab-
lishing two distinct groups of nonlinearity.

1) Deterministic nonlinearity. Classic system non-
linearity can be envisaged using a continuous model
incorporating static or dynamic transfer characteristics.
The main attribute of this broad distortion classification
is repeatability where, assuming no time-dependent
system parameters, the same error waveform will result
under repeated tests. We note in particular that when
measuring such distortion a degree of signal averaging
is often used to suppress random events.

2) Fuzzy nonlinearity. A distortion process that re-
sults in an error signal with a strong stochastic element
that does not include any uniform sampling function
is defined here as fuzzy distortion. Such distortion will
not exhibit exact error waveform replication under re-
peated tests. We note in particular that when measuring
such distortion, any signal averaging will tend to mask
the error waveform.

We proceed by further reference to the charge control
model of a BJT [15] and attempt to produce a primitive
model that matches the input impedance characteristic
of a BJT transistor (see Fig. 1), exhibits the correct
frequency response when observing hg, introduces a
degree of charge quantization, and maintains the proper
static relationship between base and collector currents.

The proposed model is illustrated in Fig. 2(b) and
is configured so that it replaces directly the standard
hybrid-m circuit shown in Fig. 2(a). A simplified no-

Table 1. Typical levels of charge transferred.

Charge Transfer in 25 us

Ag, Agy, min
Bias current of 1/500 mA  2.56 X 10% —
Input signal of 200 pV 2 X 10% 2 X 10%
Input signal 80 dB below 200e 2e

200 wV at 1 kHz
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tation is illustrated in Fig. 2(c).

The model consists of an integrator to convert input
signal current to charge, cascaded with a uniform
quantizer with an associated dither source n(s) to scatter
the quanta. The integrator and quantizer are enclosed
within a negative-feedback loop, which together emulate
the process of recombination and quantization of the
stored base charge. The quantized base—emitter voltage
Ve, which is proportional to the stored base charge,
is converted to collector current by a transconductance
stage with mutual conductance g,. From standard tran-
sistor theory,

g = — (16)
" (1 + hfe)re

_ OVge kT
o T Tl T el an

where k is Boltzmann’s constant, T the junction tem-
perature (kelvins), e the charge on an electron, and /,
the emitter bias current.

The model shown in Fig. 2(b) has a strong resem-
blance to certain classes of analog-to-digital encoder,
in particular feedback (pulse-code modulation) and
multilevel delta sigma modulation (DSM) [16], [17].
Since these encoding schemes combine integration and
quantization within a feedback loop, they form useful
vehicles for comparison. A major distinction between

i ()
C

assume Zzero output
n(t) impedance from

{ dlfferencs omp
ImVbe
7
P i fce
'
VbeT

I A q(t), instantaneous quantization
E distortion

(b)

QUANTIZER

LR

21’tfa e

FN—fuzzy nonlinearity

Fig. 2. Basic hybrid-m equivalent circuit of a BJT. (a) Stan-
dard circuit. (b) Circuit with modification to incorporate charge
quantization. (c) Simplified functional presentation, including
charge quantization.

J. Audio Eng. Soc., Vol. 31, No. 10, 1983 October



PAPERS

the fuzzy model and digital encoders is that the former
excludes a uniform sampling process. However, a ran-
dom sampling function is permissible where the mean
sampling frequency corresponds to the mean rate of
recombination within the base of the transistor, which
is determined by the base bias current (that is, a base
bias current of 2 WA corresponds to a mean sampling
rate of = 10" Hz). We note also from Eq. (2) that the
mean sampling rate will undergo frequency modulation
due to the instantaneous change in recombination current
with change in base—emitter voltage.

We estimate the approximate frequency characteristic
of the distortion spectra for the model of Fig. 2(b) by
assuming the loop to be essentially linear and by rep-
resenting the quantization distortion as a sinusoidal
error signal added within the loop where, for purposes

of analysis,
q(n) = Qel™" . (18)

Thus the collector error current /g ¢/ follows as

ngmf/fB
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the output noise as a function of source resistance, this
being achieved by modifying the feedback factor around
the internal feedback loop. Essentially when r. = 0,
maximum feedback is applied, and when r, = cc, min-
imum feedback results. Examination of the model
schematic illustrated in Fig. 2(b) should clarify this
operation.

In this section we have established a modification to
the basic hybrid-m model of a transistor which includes
the effect of charge quantization. We now proceed to
examine some implications of these observations.

3 IMPLICATIONS OF FUZZY DISTORTION IN
AMPLIFIER DESIGN

If we accept that a low-level nonlinear mechanism
exists in transistors which has a different nature from
deterministic nonlinearity, then we can make some basic
observations as to the correct global strategy toward
amplifier design.

Where a transistor operates with very-low-level sig-

(19)

where r. is the source resistance between base and
emitter, as shown in Fig.1-

From Eq. (19) we infer the basic form of error spec-
trum, which is illustrated in Fig. 3. Note the effect a
low source impedance has on the break frequency in
the approximate error spectrum.

The error spectrum shown in Fig. 3 compares with
the general trend of pulse-code-modulation-type systems
[16], [17] where quantization is dominant at high fre-
quencies. The curve ignores other forms of random
noise, such as the noise associated with r,,". Thus in
general this effect will be at or below the device noise
level.

The results show that the source resistance plays a
dominant role in shaping the error spectrum where op-
timum performance is obtained when r, is minimized.
This compares favorably with the more common noise
model of a transistor where the noise sources are rep-
resented as equivalent input noise voltage and current
generators. An interesting by-product of the model
structure is that it includes a mechanism that modifies

Noise and distortion

Probable -
random noise level

6d8/oc1'qg‘

Fig. 3. Approximate error spectrum of collector current due
only to quantization effects.
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nals that approach the noise floor, the artifacts of charge
quantization will generate significant fuzzy distortion.
The method to minimize this effect can be summarized
as follows:

1) Itis essential that low-noise devices be used that
exhibit low ry," and low 1/f (recombination noise). The
device should be chosen so as to maximize Cy.. Thus
large integrated arrays of transistors where many
matched devices are paralleled should prove the best
choice (such as the LM394).

2) Operate transistors so that Cy . is maximized. From
Eq. (1) this infers a substantial level of emitter bias
current which in turn will lower the device input
impedance.

3) Eq. (1) infers that Cy is an inverse function of
rye (for given fg). Thus a device should be chosen with
a low value of A [see Eq. (8)].

4) Selection of f3 is more complex. A low level of
fg will increase Cy'., but at the expense of lowering the
break frequency in the distortion spectra (see Fig. 3).
It is suggested that f3 should be sensibly in excess of
20 kHz.

5) Design the transistor stage so as to maximize the
device loading factor [18]. This will maximize the
changes in charge for a given signal.

6) Minimize resistance in the input mesh of a tran-
sistor. This will reduce low-frequency fuzzy distortion.
For the input stage of Fig. 1 this implies a low value
of r.. The effect of r. can be observed by reference to
Eq. (19) and the error spectrum in Fig. 3.

Consider by way of example a low-level disk pream-
plifier stage for use with a low-output moving coil car-
tridge. In Fig. 4 a moving-coil cartridge with source
resistance r, and generator signal e.(¢) is interfaced to
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a disk amplifier which has an input resistance r;, and
a voltage gain A,.

The classical viewpoint would not expect rj, to play
an important role other than providing an optimum
load for the cartridge. (This may affect the frequency
response, for example, when coupled with the generator
source inductance.) However, for low-output-imped-
ance moving-coil cartridges this generally has minimal
effect. Indeed in selecting an “optimum’ load resist-
ance, it is normal to use an input shunt resistor.

However, fuzzy nonlinearity suggests that the level
of i, is of fundamental importance, and that this current
must be maximized and flow into the base of the input
transistor. A shunt input resistance is not an acceptable
solution, as current will by-pass the transistor.

It therefore follows that the input signal must be
considered in terms of both input voltage and input
current. It is the input signal power that is fundamental.

3.1 Corollary 1

If we accept the notion of maximizing the signal
power that flows into the base of the input transistor,
then a transducer for an analog disk system must be
selected such that

1) 1t converts a relatively high proportion of platter
rotational energy into mechanical signal energy, as seen
at the cantilever of the cartridge.

2) It exhibits a high mechanical-to-electrical power
conversion.

It is possibly in these areas of performance where
many moving-coil cartridges offer a significant per-
formance advantage.

3.2 Corollary 2

In selecting a matching transformer/input circuit to-
pology, the aim must be to maximize the flow of signal
power into the base of the input transistor.

The proposal to maximize the input power is open
to some debate. However, if it is realized that we wish
both to maximize input signal current to the base of
each transistor and to minimize source resistance re,
then the notion of power maximization is a reasonable
target.

Corollary 2 has profound ramifications in the choice
circuit topology. Consider the classical amplifier con-
figuration shown in Fig. 5. The circuit shows an input
signal generator e, with source impedance r.. Again
the amplifier has an input impedance r;, and voltage
gain A,, but a negative-feedback loop is included where
the feedback factor is B with a Thévenin source imped-
ance (seen by the inverting input) of ry.

e v lin Ay

e lt) : vm‘ ﬁ’m

MC CARTRIDGE I; DISK AMPLIFIER INPUT STACE
'

Fig. 4. Moving-coil cartridge—amplifier interface.

750

PAPERS

We proceed by calculating the instantaneous input
signal power p;,(¢) to the differential input of the am-
plifier,

N ec(t) :
pul0) = [(rc + o)+ ora(l + AB)] oo GO
Differentiating p;,(t) wrt ri,,
pin(t)  _ [ ec(?) ]2
Orin~ (re + rp + rip(1 + AB)
« [l B 2ri,(1 + AB) ]
(rc + rf) + rin(l + AB)
(21

and setting dp;,()/dr;, = 0 to maximize the input power,
the optimum r;, (for maximum input power) follows
as

_re v
Tin o T+ AB - (22)
This gives the maximum input power as
2
e (1)
Pl T A+ (L + AB) @2

Eq. (23) shows the need to minimize all extraneous
resistances within the input signal mesh, which is also
arequirement for good noise design (that is, minimize
ri). [See also Eq. (19) and the discussion in Section 2
concerning input mesh resistance and fuzzy distortion.]

However, a more fundamental observation shows
the maximum power flow to be an inverse function of
the feedback parameter. Thus although classical feed-
back theory would suggest an improvement by operating
the device well into its linear region of operation, it
in fact forces the signal to within a relatively few quanta,
thus exaggerating any effects of quantization.

To illustrate the process further, consider the com-
bined systems of Figs. 2(c) and 5, as shown in Fig. 6.

Any amplification which follows the quantization
process must by necessity amplify the quantized signal,
together with additional random noise sources. The ef-
fect of negative feedback on a purely linear system will
reduce the levels of additional noise resources that are
injected within the feedback loop by a factor of (1 +
AB). However, this process is not true of a loop that
includes quantization. In fact in this system the feedback
will again reduce the additive noise, but it will only

Te lin

s

FEEDBACK NETWORK

Fig. 5. Classical feedback amplifier structure.
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partially reduce the effects of quantization. Thus fuzzy
distortion components will be partly exposed by negative
feedback, together with a complex process of inter-
modulation between signal additive noise and quanti-
zation distortion, which in general must'include time
smearing due to limitations in loop bandwidth.

4 MINIMIZATION OF FUZZY NONLINEARITY

We conclude our discussion on fuzzy distortion by
suggesting a design method and basic circuit topologies
that in principle meet the requirements of both high-
level and low-level nonlinearities. In particular we
emphasize low-level signal stages as these are poten-
tially more susceptible to fuzzy nonlinearity.

Following the design aims discussed in Section 3,
we must choose a low-noise transistor with a low value
of collector-base current gain. This device should be
operated at a collector current commensurate with noise
considerations such that (ideally) the input impedance
between base and emitter matches the source impedance
of the transducer or presents an optimum load to the
transducer. Provided the source signal is of suitable
magnitude, the signal should be coupled directly to the
base—emitter junction (assuming that high-level dis-
tortion will not be problematic), and preferably no ac
coupling component should be used.

Coupled with this requirement, the input transistor
should ideally use no feedback (local or overall), since
Eq. (23) indicates a reduction in signal power. If the
transducer output is too great, resulting in a high level
of deterministic distortion, then a step-down transformer
should be selected to permit using a zero feedback
input stage. ldeally the input impedance should be de-
signed to match the transformed source impedance of
the transducer. This process will not change (in prin-
ciple) the level of power extracted from the source
(assuming a power match), but it will minimize high-
level distortion and eliminate a loss of input power
through the use of negative feedback. In many instances
it will not be practical to design for a power match as
high operating currents or many parallel devices may
be necessary, though investigation into the LM394-
type device should be encouraged.

In general an amplifier system will include several
cascaded transistor stages within the signal path. Po-
tentially each stage is a cause of low-level distortion,
but as with noise design, the first transistor should be

i SUBSEQUENT AMPLIFICATION
[~ INPUT TRANSISTOR ——— : I 7

COLLECTOR!

e (t)

RL — effective collector
load resistanca

R, OVERALL
FEEDBACK
NE TWORK

Fig. 6. Simplified feedback amplifier with quantizer model
of Fig. 2(c).

/
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the dominant offender. To guarantee this ideal we must
arrange for a progressive increase in input signal power
as we proceed along the cascade, as well as attempting
to minimize the number of series-connected transistors
in the signal path.

In order to control deterministic distortion as signal
levels are amplified, a degree of negative feedback will
become mandatory, which will consist generally of a
combination of distributed and multiple-feedback loops.
However, in selecting the topology for the feedback
structure, an increasing input-signal-power progression
should be observed.

To examine this design strategy, consider N + 1
cascaded transistor stages, as shown in Fig. 7. Stages
1—N use distributed feedback, while the input stage 0
is optimized for fuzzy nonlinearity by using zero feed-
back. A single feedback loop encloses stages 1—=N,
thus modeling a typical amplifier.

Let
Ay, . . ., Ay = amplifier gains
By, . . ., By = feedback factors' see Fig. 7
ey, . . ., ey = amplifier input signals
ro, . . ., ry = amplifier input resistances
Po, - - . » Py = input signal powers to amplifiers
re = transducer source impedance.

From Eq. (20) we calculate the rth-stage input signal
power p,. For stagesr = 1, . . . , N. (Assume that the
source resistance is small compared with r,.)

e, 21
Pr = [1 T A,B,] " (24)
and for stage r = 0,
2
— o
o= (2 )n. (25)

4.1 Design Criterion

To minimize signal degradation caused by fuzzy
nonlinearity in a cascade of transistor stages,

Pr = Gfrpr—] (26)

where ideally the interstage power gain Gg > 1. We
calculate the voltage gain relating e, and e,_), forr =

e Ag
) N
{1 + By [] (A1 + Apo)]} (27)
p=1
and forr = 2,...,N,
er _ Ay
e,n 1+ BA, (28)

Hence we establish the constraints on the choice of
feedback parameters by reference to Eqs. (24)-(28).

! The feedback networks are assumed to exhibit zero
Thévenin source impedances.

751



HAWKSFORD

If
N o
A VGyror
by = {1+ B p VGt g
i 0 }1 1 + BA,Jre + rg
By = o (30)
Fr—p Ir=2,..., N
we have
Ay = ¥(1 + BA)| (31)

where we define 8g|,—; . v as the set of fuzzy gain
parameters of the amplifier system.

Examination of Egs. (29)—(31) reveals the design
criterion that will ensure a progressive power increase
along the cascade of transistor stages (noting that cal-
culated power levels refer to the input power to each
transistor, not the associated circuitry).

In practice there will be a limit to the input power
to a transistor that will be dependent on the acceptable
levels of deterministic distortion. We note that for a
bipolar transistor which adheres to the form of Eq. (17)
the fractional error component of emitter current is
independent of /g for a given Vg (where the subscript
EO infers quiescent values),

Vee = Vpeo + AVge

which corresponds to Ig = Igo + Alg. Then

% = el@dVBe/KT) _ | | (32)
Igo

Since the base—emitter voltage of a transistor is directly
dependent upon the input power and input resistance,
the input resistance should be minimized to reduce high-
level distortion, for a given power level.

It is constructive to reflect upon a common circuit
arrangement where a discrete transistor stage is cascaded
with a BIT operational amplifier with local feedback.
We will assume for simplicity that there is no overall
feedback and proceed by suggesting typical circuit pa-
rameters:

Discrete stage

input impedance 1 kQ (transistor)
voltage gain 20
Operational
amplifier stage -
input impedance 1 MQ  (operational amplifier)

closed-loop gain 20
open-loop gain 1000  (conservative estimate)
Hence from Eq. (31) &; = 0.4, whereby the power
gain follows from Eq. (30) as 1.6 x 1074

This result shows a substantial reduction of input
signal power presented to the second stage, the con-
sequence being that any quantization effects will be
significantly increased.

This circuit arrangement has often been used for disk
preamplifiers and is a good illustration of a potential
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hazard of using high-gain high-input-impedance op-
erational amplifiers.

We conclude this section by suggesting how it is
possible to use a combination of low distributed feed-
back with feedforward error correction as a compromise
to the distortion dichotomy existing between deter-
ministic and fuzzy nonlinearities.

Germane to the design strategy is the selection of a
distributed feedback system where the appropriate gains
and feedback factors are calculated according to our
now established fuzzy nonlinearity criterion. In so doing
we accept that deterministic nonlinearity inherent in
devices will potentially increase. However, by using
nested feedforward error correction we can partially
compensate the deterministic error signals and achieve
acceptable linearity with high loading factors, even
when local negative feedback is low.

In Fig. 8 we illustrate a two-stage feedforward am-
plifier where the error due to base—emitter nonlinearity
in T is partially corrected by the differential amplifier
formed by T, and T3. Further error-correction stages
can be used to compensate for T, and T3 nonlinearity
using a nested configuration. The performance of such
stages as a function of loading factor was considered
in a previous paper [18].

The dominant advantages of this approach is that
only very modest local negative feedback need be ap-
plied via R, and that the high-level distortion is partially
compensated by the error amplifier. Such a technique
allows good signal power coupling to T, yet permits
an acceptable high-level distortion characteristic. It
therefore follows that T, is exercised over a wide range
of its operating characteristic while retaining good
overall linearity.

The example just discussed illustrates how ideas of
fuzzy nonlinearity could influence amplifier design. A
second area of application concerns the construction
and layout of circuits. Once the very small signal levels
are appreciated and the point of view of “counting
electrons” is taken, such factors as metal-metal con-

! subsequent stages with distributed and overall feedback

|
zero feedback
input stage

Fig. 7. Basic multiple-loop feedback amplifier topology.

error current o1zl kig)
main signal current

then. R, <KR, =fez ~ux

I+

where

iy, resultant output
current

e, WVaes
3ien

g

fes = 9Vaes
dley

I,.I.I;, constant bias
currents

Fig. 8. Basic feedforward error-correction stage.
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tacts, interference from adjacent circuits, and the dis-
placement of charge through the dielectric of a capacitor
require careful attention. These secondary factors will
not be discussed in this paper, but they are influential
in setting potential limits to signal transparency.

5 CONCLUSIONS

This paper has speculated on the existence of low-
level nonlinearity inherent within BJT devices due to
the quantization of charge carriers and has drawn at-
tention to the relative magnitude of low-level signals.
A model was introduced which forms a vehicle for
comparison between an analog device and a class of
digital modulation. This comparison is useful in that
it is possible to speculate upon the nature and char-
acteristics of the distortion.

Consideration of the mechanism of fuzzy distortion
drew attention to the role of the input signal current at
the base of a transistor and the need to maximize its
value. This led directly to the usefulness of input signal
power as a parameter in establishing levels of fuzzy
distortion. A target design objective suggested the need
to maximize this power flow, where the flow must be
directly into the base—emitter junction and not into an
external shunt resistor.

The role of negative feedback was then debated,
where it was shown that the input signal power was an
inverse function of amplifier loop gain. It was therefore
concluded that levels of feedback should be minimized
and that extraneous resistance within the input mesh
should also be minimized. However, it was noted that
the role of negative feedback offers a contribution to
high-level signal distortion, but that its application must
be considered with great care from the viewpoint of
fuzzy nonlinearity.

A brief discussion was presented where the bounds
on the selection of feedback factor and forward am-
plification were established. Finally a circuit technique
using low levels of distributed feedback with feedfor-
ward error correction was introduced as a means of
circumventing the distortion dichotomy, thus allowing
both good low-level and high-level distortion charac-
teristics, that is, the dynamic range.

It is satisfying to see some of the design objectives
compatible with established design techniques which
are used to minimize the artifacts of TID and also as
support to the low-feedback school of design, in par-
ticular since there are now several good-quality am-
plifiers which adhere in part to these design objectives
and also have excellent subjective ratings.

Finally it must be emphasized that the ideas presented
here are the extension of a thought experiment into the
approximate nature and behavior of low-level signals
in amplifiers. Clearly such parameters as the physical
size of transistors and the relative amounts of total
charge stored in the base region are of importance.
However, such considerations put in doubt the appli-
cation of BJT operational amplifiers with their high
open-ioop gains, very high differential input impedance
due to the low collector bias currents in the input tran-
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sistors, and low real estate. If such devices exhibit
low-level quantum effects, they are not suitable for
use in high-quality audio amplifiers where precision
of control of fine signal detail is mandatory. In fact,
applying the thought experiment discussed in Section
1, the implication of Eq. (23), and the example of the
BJT operational amplifier in Section 4, the potential
consequences should at least be of concern to the circuit
designer.
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