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A Power Amplifier ‘‘Improver’’*

EDWARD M. CHERRY

Department of Electrical Engineering, Monash University, Clayton, Victoria 3168, Australia

An add-on facility for audio power amplifiers is described, by which nonlinear distor-
tion products in the audible range of frequencies are reduced by a typical 25-30 dB. The
improver uses the principle of nested differentiating feedback loops to increase the
feedback around the amplifier. The improver also corrects phase nonlinearity in amplifi-
ers, improves loudspeaker damping, increases isolation between stereo channels, and

reduces hum, noise, and dc drift.

0 INTRODUCTION

A recent paper[1]describes a new feedback structure,
a nest of differentiating feedback loops, by means of
which Bode’s limiting value of loop gain can be ex-
ceeded. Increased feedback around an amplifier results
in reduced nonlinear distortion. A second paper [2]
describes an audio power amplifier which uses the new
structure; power transistor fr is only 2 MHz, yet loop
gain s at least 25 000 (88 dB) over the range 20 Hz to 20
kHz, and distortion products in the same range are less
than 20 ppm.

The present paper describes an add-on “improver”
for existing audio power amplifiers, again using nested
differentiating loops to increase the feedback. Harmonic
distortion and intermodulation products between sinus-
oids in the audible frequency range are reduced by a
typical 25-30 dB, down to a lower limit below 10 ppm.
Transient intermodulation distortion is reduced by a
similar factor, provided the rate of change of the input
signal is not so great that the amplifier is driven to its
limiting slew rate.

The amplifier improver also reduces linear distortion.
System response is flat and phase linear from 20 Hz to 20
kHz, so that step waveforms are reproduced without
overshoot and low-frequency square waves without tilt.
Loudspeaker damping and crosstalk between channels
of a stereo amplifier are also improved by increased
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feedback. Drift at the output of a dc amplifier is reduced
through the use of a feedback factor which increases
with decreasing frequency and reaches unity at zero
frequency. Noise is reduced for all but the very lowest
noise amplifiers; the spectral density referred to the
system input is below 20 nV/\/Hz with 2 kHz flicker
corner, corresponding to —112 dB relative to 1 V, A-
weighted dc to 20 kHz.

1 LOW-PASS THEORY -

"Readers should refer to Cherry [1] for the complete
theory of nested differentiating feedback loops, and to
Cherry [2] for a simplified but more readable account.

Fig. 1 shows a block diagram of the improver in a
system. One of the nested differentiating feedback fac-
tors is the block sCy, and others are provided within
typical amplifiers by lag-compensating networks. The
following design constraints are necessary between ele-
ments in the improver:

GrR; = 1 (D
Gy Brx = Ck. 2)

The high-frequency response of the amplifier to be im-
proved is modeled as a two-pole function—surely more
realistic than the single-pole model used in so many
papers on feedback and distortion in amplifiers. The
amplifier midband gain is 4, the undamped natural
frequency and damping ratio of its poles are 1/7;and (,
respectively. Network analysis shows that the voltage
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gain of the system, ignoring the dashed network B, is

Output

A(s) Input

1
1 + 2057, + 5272 ]
A B+ YasTy)?

XY 1+s(rx+ ) +ser2[

. ®

Ideally the parameters of the amplifier and improver
should be related:

A, =1/8 4)

7, = Y7y (5)

{ =1 (6)
If we choose

= (/3 = Dry (7)
then

Am=i{ L (8)

B | 1+ \Bsrx + s2r

This response is a phase-linear function with cutoff fre-
quency

0.786
Wigp = : 9

Tx

It can be verified using analysis or simulation that the
system response can be made approximately phase lin-
ear by adjusting r_is any one of 4, 7, or { departs from
its ideal value in Egs. (4)-(6) by as much as a factor 2, or
if the amplifier has additional nondominant poles.

The sensitivity of A(s) to changes in A, gives an ap-

A POWER AMPLIFIER IMPROVER

proximate measure of the factor by which nonlinear
distortion in the amplifier is reduced:

_ A, 3A(s) )
Sl = A(s) ( 04, ' (10)
If the ideal relations are satisifed,
. 2.2
S[4,] = R (11)

1 + \/§STX + s27y? .

Distortion products at all frequencies up to two octaves
inside the system cutoff are reduced by at least 28 dB.

The foregoing analytical approach demonstrates be-
yond question that the “‘improved’ amplifier is stable
and is of reduced sensitivity, but gives little insight into
how the improver actually works. The whole improver
may be considered as a kind of active feedback network
around the amplifier to be improved, and it is the feed-
back around the resulting loop which leads to reduced
sensitivity to changes in the amplifier. [The relation be-
tween Fig. 3 of [2] and Fig. 1 is as follows: The blocks G
andR (1 + 'ast,)¥/(s7,)*serve to increase the gain of
the amplifier to be improved, and the combination con-
stitutes the forward path of the complete system. The
blockssC.and B(1 + s7 ) providetwo nested feedback
loops.]

The transfer.function of the improver considered as a
feedback network is

__ to amplifier input
B(s) " from amplifier output

input = 0

[B(1 + s7)G1 + sCR(1 + Vasty)?

(s7x)? (12
and, using Egs. (1), (2), and (7),
Brs) = B(1 + \/Bstx)(1 + Yhsty)? _ (13)

(s7%)?

Fig. 2 shows the asymptotes of [1/B(jw)| on log-log
scales.

Also shown in Fig. 2(a) are the gain asymptotes of an
amplifier having the ideal parameters of Egs. (4)—(6).

IMPROVER
SEE TEXT
-~ - pofe——= 1
: AMPLIFIER _TO
/MPROV:
] 0 Amp 8E ROVED
INPUT o Re(l+#sm) || INPUT Ao ovrput
+ + (sxx)* 1+ 2%stp + s2tf
SCF
FROM AMP
ouTPUT
Al+st)

Fig. 1. Block diagram of the improver in a low-pass system.
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The gain around the loop is the separation between the
curves in Fig. 2(a), and is plotted separately in Fig. 2(b).
Bode’s rule [3] for stability of a feedback system can be
paraphrased that the loop gain should not fall faster
than a single-pole rate in the vicinity of the frequency of
unity loop gain. The asymptote in Fig. 2(b) satisfies this
rule, confirming that the system should be stable. The
effects of changes in 4., 7,, {, and 7 can easily be
assessed from Bode plots of the type of Fig. 2.

Fig. 3 is the outline circuit of an improver designed
with

1/B =316
Tx = 2us
Gy = 1 mA/V.

B is defined by 68 k) and 2.2 kQ; Y274 is defined by
470 O and 2.2 nF in the second stage and 220 () and 4.7
nF inthe third stage; G is definedby2 X 1.0k inthe
first-stage emitters. The topology of the second stage is
perhaps unfamiliar, but the circuit is actually a long-
tailed pair using one #-p-n transistor and one p-n-p.

Note the 68 k) between improver output and feed--

back point, which corresponds to the dashed feedback
network B in Fig. 1. This network has two purposes:

1) It allows the improver to bias correctly when the
amplifier to be improved is not dc coupled, while having
negligible effect on A(s).

2) It increases S[A4,] at low frequencies to 1 + 1/8
(that is, it reduces the improvement), but very much
increases the improvement at frequencies around
\/B/7x, which corresponds to the top of the audible
frequency band.

A
GAIN
(LOG SCALE) »
1A < BR
: [1/8(jen) ]
@ F[ T |
Loop t |
GAIN ! AMPLIFIER
: : w(Los sou.i)
I wm & \
|
o | ' |
LooP ! |
GAIN | |
(b) : !
I - - — — I
N
/ | l\ @ -

Fig. 2. The improver considered as a feedback network
around the amplifier to be improved (low-pass case). (a) Gain
asymptotes of the forward path (the amplifier to be improved)
and feedback factor (the improver). (b) Asymptotes of loop
gain.
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2 TRANSIENT INTERMODULATION
DISTORTION

In recent years there have been many discussions of
the interplay between feedback and transient intermod-
uiation distortion (TIMD). Sadly, some of this material
contains misquotations and/or is wrong [4]-[9].

The necessary condition [10] for avoiding gross TIMD
in a feedback amplifier with broadband inputis that the
stage or stages before the forward-path dominant pole
should not clip on a signal input twice the amplitude of
full rated input to the complete amplifier with feedback.
This condition is essentially independent of the amount
of feedback applied. When the input is band-limited,
this condition can be relaxed by a factor approximately
equal to the ratio of signal bandwidth to amplifier
closed-loop bandwidth. .

The first stage in Fig. 3 has transfer conductance Gy =
1 mA/V and is capable of 8 mA peak-to-peak output.
The improver itself is therefore free from gross TIMD
for broadband input signals up to 4 V peak to peak.

Clearly the improver cannot increase the limiting slew
rate of an amplifier, although it can precondition the
input to the amplifier (by restricting its bandwidth) so
that the demanded slewing rate is reduced. In the quasi-
linear region of amplifier operation the improver re-
duces all distortion products, including those associated
with transients, in accordance with Eq. (11).

3 HIGH-PASS THEORY

Fig. 4 is a block diagram of the improver in a high-
pass system. The amplifier to be improved is modeled by
its midband gain A, and low-frequency response func-
tion ¢(s).

The forward path of the improver has midband gain
1/ and approximates a single-pole low-frequency cut-
off of time constant 7. The overall feedback network
has midband transmission 8 with phase-linear low-fre-
quency cutoff also of time constant 7,. The present
improver is designed with

1/8 = 31.6
7a = 30 ms.

Fig. 5 shows in detail how these transfer functions are
realized. The necessary design constraints are

R.C, = R,C, = 74 (14)

R_li_R_Z -1 (15)
R, B

If the amplifier to be improved has a typical low-
frequency response, the response of the system will ap-
proach the demanded gain set by the overall feedback
network in the improver, namely,

1 [ s+ 3/27, ]
AS) = G| G F 1/ra)s + 17275)

% [ other singulgr{tles ] (16)
close to origin
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+15 v
470
] 2.2 nF T
:|: 58 pF —.—t6.0V
S T +8.2V L
wur 2.2kg g 600
T .
! 4.7 nF ’
1k 1k d» 2 68 k Lo7 0 TO0 AP
~ %68 k 220 INPUT
22 pF
4ma
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-3.8V
k =
v FROM AP
OUTPUT
—0

Fig. 3. Outline circuit of the improver (low-pass components only).

IMPROVER
—— AMPLIFIER _TO
BE__IMPROVED
70 AMP
INPUT i [msn INPUT . OUTPZT
+ AL+ srA] Ao ¥(s)
FROM AMP
(s + /1) (s + 1f272) outePuT

R &+ 720G+ fo [

|

Fig. 4. Block diagram of the improver in a high-pass system.

This function is phase linear. For 7, having its designed
value 30 ms the tilt on a 20-Hz square wave is less than
5%.

As in the low-pass case, the improver may be consid-
ered as a kind of feedback network around the amplifier
to be improved. The transfer function of this feedback
network is

to amplifier input
from amplifier output

B(s) = ’ .
input =
s+ 1727,

S s+ 3/27, an

There are two common forms of the low-frequency
response yi(s) of the amplifier to be improved in Fig. 4:

1) The amplifier has a dc-coupled forward path. A
capacitor in the feedback network contributes a closed-
loop pole of time constant 7 typically of the order 30
ms, and a coupling capacitor at the input contributes a
second pole of time constant 7¢ typically about 300 ms:

I ==

Fig. 6 is a typical outline circuit.

2) As for 1) above, with the addition of an output
coupling capacitor which contributes a pole of time
constant 7, typically about 30 ms:

Il
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1/4, + st
1 + s7¢

o = |

1/A, + st
1 + STE

ST
1 + STc

W) = [ i iﬁ;TD ] '

Fig. 7shows the asymptotes of: the amplifier gain, type
1) above with the typical values for its time constants;
the gain |B(jw)| of the improver considered as a feed-
back network; and the gain around the resulting feed-
back loop.

Loop gain falls through unity at about 0.5 Hz, and
loop phase shift is about 110° leading at this frequency.
The system is stable, with a wide margin for amplifier
parameter changes. Eq. (16) is a valid approximation for
the system response.

For an amplifier of type 2) the extra pole brings the
system to the point of instability. The improver provides
an optional RC network for connection in series with the
amplifier input (Fig. 8). This network has two effects:

1) It modifies the time constant of the pole associated
with the input coupling capacitor.

2) Itintroduces a shelfin the loop frequency response.

The system can be made stable for any amplifier

INPUT TO0 AMP
O— INPUT
Ra FROM AMP
R2 C2 OUTRUT
b A ”'———O
R3
L =
C, ; 2 Ry,
Fig. 5. Outline circuit of the improver (high-pass components
only).
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response by choosing R sufficiently large and C suffi-
ciently small. The price of going too far is a departure of
the system response from phase linearity. The values in
the present improver, 220 k() and 150 nF, seem a reason-
able compromise. Short circuiting the phase compen-
sating capacitor C, in the improver also increases the
stability margin but again degrades phase linearity.

V-l‘

7¢ = RcCc
7F = RriCF
Rp
P = R+ R,
Fl F2 -

-Fig. 6. Populat outline circuit topology .of an aiidio power
amplifier.

4

AMPLIFIER
el — — — — — —

a3 | |/BGw)

|

f(Re)

Fig. 7. The improver considered as a feedback network
around the amplifier to be improved (high-pass case); gain
asymptotes of the forward path (the amplifier to be improved)
and feedback factor (the improver).

LF CQMPENSATION AMPLIFIER
NETWORK TNPUT
229 k
W 4.7 uF TYPICAL
_——— 4 __o_._l -
FROA1 1L
MPROVER 11
o 150 oF 47 k
TYPICAL

Fig. 8. Low-frequency compensation network for amplifiers
of type 2).
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4 EXPERIMENTAL RESULTS

Fig. 9 is the complete circuit of an improver designed
for use with amplifiers whose upper 3-dB cutoff is above
80 kHz. Features not yet discussed include:

1) Separate outputs for use with noninverting and
inverting amplifiers;

2) A loudspeaker relay, with fast opening and de-
layed closing, to prevent ‘“‘thumps”” at turnoff and turn-
on;

3) A network to provide a well-defined load resis-
tance for the amplifier at very high frequencies [11];

4) Long-tailed pair stages throughout plus catching
diodes, to accelerate recovery from overdrive.

This improver has been used in conjunction with a
number of amplifiers, and outline results follow for two
cases. ‘

The improver of Fig. 9 has not proved quite universal.
Trouble has occurred with amplifiers that have inade-
quate slew-rate limits. Any multipole nonlinear feed-
back system will exhibit some form of jump resonance if
it is driven hard enough at a high enough frequency.
Whether or not this jump resonance remains as a sus-
tained oscillation after the overdrive is removed depends
on many factors. In the case of the improver, it appears
that the amplifier should be capable of producing full
sinusoidal output up to at least 30 kHz.

4.1 An Inexpensive Amplifier

This amplifier is of the basic topology shown in Fig. 6.
The first stage operates at 1 mA per transistor, with
330 Q in each emitter lead and 10 k{} for the current
source. The second stage is a single transistor operating

-at 5 mA, with C = 100 pF and a bootstrapped 3.9 k()

for the current source. The third stage is a pair of Dar-
lingtons operating at 100 mA quiescent, with 0.68 Q1 in
each emitter lead. Midband gain is 22.5, with lower and
upper 3-dB frequencies 4.5 Hz and 185 kHz, respectively.
This amplifier was selected to show what the improver
can do for a simple circuit.

The combination of amplifier plus improver has a
midband gain of 31.4, flat = 0.5 dB from 20 Hz to 20
kHz. Figs. 10 and 11 compare 20-Hz and 10-kHz square
waves for the amplifier without and with the improver;
note the improvement in phase linearity. Fig. 12 shows
detail of a 1-kHz sine wave for the amplifier with im-
prover under overdrive conditions; this illustrates the
unconditional stability of the system.

Figure 13 is the measured spectral density of equiva-
lent noise voltage referred to the system input. System
noise is almost entirely determined by the improver, as
its gain precedes amplifier noise. At frequencies around
5-10 kHz noise is dominated by thermal contributions
from resistors in the first stage and its current mirror.
The circuit is proportioned so that each resistor contrib-
utes its open-circuit noise voltage to the equivalent noise
referred to the input:

1.0 kQ) input stopper
2 X 1.0 kQ) in emitters

J. Audio Eng. Soc., Vol. 29, No. 3, 1981 March
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2.2 k() feedback resistor At low frequencies flicker noise on the base currentof
2 X 1.0 kQ in current mirror the input transistors becomes dominant; these transis-
1-2 k() total base resistance of four transistors. tors should be high-gain low-noise types (BC109. or

The measured spectral density never quite reaches its 2N930 were used in prototypes). A small contribution to
horizontal asymptote, but at its minimum corresponds tlicker noise is also made by the transistors in the current
to 15 kQ. mirror; low-noise types could be substituted if desired.

—Q +15 V

>
$ 470
S

: 3
N .
ps g
= 6.3V L——J
100 AR
uF 2.

2 nF
T /7 IF e
- L—— 220 k
150 nF
Lsk3 3
S5kE 3Lk
= 68 pF A NON-INV OUT
INPUT : '
E 4.7 4F _ 68 k IWERTING OUT *
1k i } 4.70F
= . . 6(?-‘1}1\:; 4.7 nFP 1k 1k
- : o 92 Migop 0 AP kﬁ
220 = = 220 TNPUT
HP
PHASE 1 =
4 \ [
. £270
L 2150 k b3
2 315k C BAL 34
—0O %100
. L ! —0O-15 v
o- - ~ L L —t o
QUTPUT 10 » SPEAKER 8.2 FROM AMP
TO SPKR RELAY 2.2k 5 W) OUTPUT
(1 W
i T 150 nF i

Fig. 9. Complete circuit-of an“amiplifier improver. Unmarked transistors are general-purpose types:

(b) (b)

Fig. 10. 20-Hz square-wave response of a simple amplifier. Fig. 11. 10-kHz square-wave response of a simple amplifier.
(a) Without improver. (b) With improver. Vertical scale 2 (a) Without improver. (b) With improver. Vertical scale §
V/div; horizontal scale 10 ms/div. V/div;.horizontal scale 20 us/d_iv.
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The gains of the second and third stages fall-above 1
kHz, and noise sources other than in the first stage
become significant. At high-frequencies the dominant
noise source in the given circuit is the —15 V supply rail;
noise voltage on this rail appears between collector and
base of the noninverting output transistor where it in-
jects current into the base circuit via 4.7 nF.-and this
current divided by the falling combined gains of the first
and second stages appears as an f2 component in the
input spectral density. The arrangement.of Zener diodes
and bypass capacitors is intentional.

Table I compares second- and third-harmonic distor-
tion without and with the improver at four frequencies.
Note the approximate 26-dB reduction of harmonics at
midfrequencies, and the much greater reduction around
14-15 kHz associated with the dashed 8 network in Fig.
1. Note also that total noise-plus-distortion measure-
ments might be misleading unless the supersonic f2
component of noise is rejected.

Fig. 14 shows the current output waveform for the
amplifier first stage when the system is driven to half
maximum output by a fast-rise square wave. Without

ENGINEERING REPORTS

the improver the peaks are clipped and TIMD is gene-
rated; clipping does not occur when the improver is in
the system, even at full output.

4.2 A Very-Low-Distortion 50-W Amplifier

This amplifier was chosen in an attempt to set an
upper bound on residual distortion in the improver. The
amplifier has a midband gain of 66.6, = 3 dB at 1.8
Hz and 160 kHz. Table 2 compares second and third
harmonics without and with improver at four frequen-
cies. Evidently improver residuals in the frequency range
up to 20 kHz are below 10 ppm.

5 CONCLUSIONS

An amplifiér improver of the type described in this
paper appears a viable alternative to the purchase of an
expensive new amplifier for the audio enthusiast who
wishes to upgrade his system. The improver parameters
B, 74, and 7 can, of course, be changed to suit particular
amplifiers, but the chosen values seem a reasonable
compromise and cover most of the available range.

Patent application has been made for the nest of dif-

Table 1. Comparison of percentage second- and third-har-
monic distortions for a simple amplifier without and with the
improver. Measurements taken at 20 W into 8 ().

Without With
Fundamental Harmonic Improver Improver
1 kHz D, (2 kHz) 0.028 0.0013
- D, (3 kHz) 0.11 0.0038
: J[ i 5 kHz D, (10 kHz) 0.10 0.0042
i D, (15 kHz) 0.13 0.0029
E 7 kHz D, (14 kHz) 0.12 0.0032
. . . - ' D, (21 kHz) 0.14 0.012
Fig. 12. 1-kHz sine-wave response of a simple amplifier plus 10 kHz | D, (20 kHz) 0.14 0.014
improver. Detail of overdrive and recovery. Vertical scale 5 D, (30 kHz) 0.16 0.038
V/div; horizontal scale 50 us/div. :
500
—
W
T o0f= =
S E
3
EF —
s
ol N
3 Iff REGIO A
ST
~t
= THERMAL NOISE >
5 w» 3k T
& -
3
NN R Lo 1 4yl [ 111
20 100 1k 10k 100k

FREQUENCY  (Hz)

Fig. 13. Spectral density of equivalent noise voltage referred to the input.
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(b)

Fig. 14. Currentoutput from the first stage of a simple ampli-
fier of the topology of Fig. 6, with 10-kHz square-wave output
asin Fig. 11. (a) Without improver. (b) With improver. Verti-
cal scale 1 mA/div; horizontal scale 20 us/div.

Table 2. Comparison of parts-per-million second- and third-
harmonic distortion for a very-high-quality amplifier without
and with the improver. Measurements taken at 50 Winto 8 ).

Without With

Fundamental Harmonic  Improver Improver
100 Hz D, (200 Hz) 7* 7*

D, (300 Hz) 7* 7*
1 kHz D, (2 kHz) 7* 7*

D, (3 kHz) 2% 2%
5 kHz D, (10 kHz) 7 4

D, (15 kHz) 16 7
10 kHz D, (20 kHz) 4 4

D, (30 kHz) 37 12

* Readings not accurate; dominated by flicker noise in test
set.

A POWER AMPLIFIER IMPROVER

ferentiating loops on which the amplifier improver de-
pends. Enquiries regarding its commercial exploitation,
either as an add-on facility such as an improver or in
complete amplifiers, should in the first instance be ad-
dressed to the Legal Officer, Monash University.
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