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The Essex Echo:
Audio According to Hawksford, Pt. 2

Jan Didden continues his discussion about audio technology with Professor Malcolm Hawksford.

JD: Let's move to amplifier electronics,
because one thing that comes across clear-
ly from your publications is that you enjoy :

electronic circuit design.

MH: Is it that clear? But it is true. My
first amplifiers were tube-based, of course,
and | still have a certain fondness for

cuits, with some pleasant coloration usu-
ally added by self-induced microphonics
and vibrations. Different manufacturers

using different tubes even with similar :
circuits show up different issues, but they :

err benignly, so to speak. It is very seldom
that a tube amplifier's sound can't be en-
joyed despite its technical limitations; the
errors tend to be quite musical.

correction (EC)?
MH: Peter Walker’'s Current Dumping

concept did that. I thought it an extremely
clever and elegant solution (still do), and
a “thinking out of the box” amplifier de- :

sign that was en vogue at the time. There
are various ways of looking at Current
Dumping, but | explained it as a combi-

that it allowed you to design a structure
that didn't require infinite gain to obtain
theoretically zero distortion over a fairly

broad bandwidth. In a feedback amplifier, :
as you move up in frequency, the feedback

decreases leading to increasing distortion.
In this (then) new concept, the feed-
forward path compensates for the loss of

feedback with frequency, and in theory
you can keep up the “zero distortion” over

the audio band. Of course, it depends on
what stage of the amplifier produces dis-
tortion. It started me thinking about some

way to generalize the concept of combin-
ing feedforward (ff) and feedback (fb)—

which, of course, is at the core of Current
Dumping—and explore other trade-offs
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in ff and fb. As the most objectionable :
distortion in a power amplifier is gener- :

ated in the output stage, would it be pos-
sible to locally correct that output stage so

that the remaining distortion signals that
are fed back from the output to the input
- stage would be much cleaner (i.e., devoid
them. Most were simple, first-order cir-

of output stage distortion) thus also con-

tributing to lower input-stage distortion? :
As N (the uncorrected output stage gain)

approximates to 1, the error tends to zero
and this makes the difference (correction)
amplifier much more linear as it only am-

when the output voltage swing is large.
The conceptual view (Fig. 8) made it

- clear that, in theory, combining ff and fb
- can completely eliminate the forward loop -
JD: What triggered your interest in error

nonlinearity, without the need for infinite
loop gain, simply by choosing suitable
combinations of transfer functions a and

cal ff or fb networks will most probably

need to have some active components and
will thus be at least first-order low-pass

make “b” a conjugate sT/(1 +sT), and the

elimination of distortion independent of :

frequency still holds.

Now, for the feedforward component
“h,” there is the practical problem of com-
bining the forward and feedforward signal
in the output (power) stage, so that is less
attractive. Therefore, one solution would
be to use only the “a” fb path, as it is much
easier to combine low-level signals at the
amplifier input. Because you now can
no longer compensate for the first-order
rolloff, the full curative properties of the
system break down at higher frequencies

- S0 zero distortion is out of reach.
plifies small signals, and this holds even

Yet, employing this type of error correc-
tion locally in, for instance, output stages
still has significant advantages. Such fast-
acting local correction does a good job to
linearize the output stage by one or two
orders of magnitude and, as a bonus, give
very low output impedance before global

: feedback is applied. I also showed that you
b in Fig. 8 providing (a + b) = 1. Practi- :

can implement a correction circuit virtu-
ally without needing more components
than those used for biasing, so it’s essen-

 tially free.
circuits. But, if the “a” network has a first
. order 1/(1 + sT) characteristic, you could
nation of feedback and feedforward tech- :
niques. The clever bit, as | saw it, was

The local loop does not impact stability
much, so you can have your cake and eat it,
too. You end up with a more linear power
amplifier for the same parts investment
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FIGURE 8: Generalized ff-fb error correction structure.
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and that’s always worthwhile. Bob Cordell
had a very elegant implementation of this
concept which I like very much8.

JD: At one point there was a great dis- :

cussion on diyaudio.com between Bob

Cordell, yours truly, and other very smart :

circuit designers. The question was wheth-
er error correction is really a different cir-
cuit concept or whether it is another way
of using negative feedback (nfb). That it
was, to paraphrase evolutionary biologists,
a matter of exploring the “space of all pos-
sible nfb implementations.”

MH: Well, I guess that conceptually it
is indeed a different way to apply nfb,
but with some interesting different issues
which also lead to more insight into this
type of circuit. For instance, in Fig. 8, as-

suming that b = 0, then Vout/Vin = G = |

N/ (aN - (a - 1)). The target for Vout/Vin
=1, so now you can calculate the error
function ¢ representing the overall input-
to-output transfer function error, that is
the deviation from “1,” thus € is defined as
e=1-G.

Substitution gives you € = (a - 1)(N -
1)/(aN - (a - 1)). Now you immediately
see that the error function has two zeros,
i.e., (N - 1) and the balance condition
represented by (a - 1). This succinctly ex-
plains the operation and power of EC, es-
pecially with near unity-gain output stages
as you get two multiplicative terms in the

error function which should both be close

to zero. Half of the art of understanding

and developing circuits lays in finding the

right viewpoint!

JD: | know of at least one commercial
implementation of what appears to be
your EC concept, based directly on Bob
Cordell’s circuits, by Halcro. Presumably
based on a patent by Candy, which came
later in time than your publication.

MH: Yes, | am aware of that. At the time
I sent Halcro my papers and wrote to
them asking for some clarification, but

never received a reply. So it goes. Anyway, :
life’s too short to worry about such things.
It's not my problem. Bob Stuart of Me- :
ridian Audio also used the circuit in his
amplifier range for a period of time, which
was most gratifying as he is a very gifted !

audio circuit and system designer.

There’s analogy to error correction in
the digital domain, and that is noise shap-
ing. | wrote a paper with John Vanderkooy

. comparing digital noise shaping with nest-
- ed differential feedback in analog circuits®
. and concluding that they can be seen as
 different views of similar issues! If you
. look at a first-order noise shaping con-
- figuration (Fig. 9), you see that, similar to :
EC, you take the difference between the :

forward block (the quantizer) input and
output, which is the noise it generates, and
feed it back to the input, properly shaped
like H = e(sT). Now, if you look at the
noise shaping transfer function (1 - H),
it looks very similar to the error reduction
function of EC you showed before. So as
you go lower in frequency, where the loop
gain gets higher, the noise also gets lower.
Now this is a simple first-order case, but

© as you go to higher order noise shapers, :
. your in-band noise gets lower at the ex- :
pense of forcing more and more noise
- above the audio band. Now, if you put in
- a coefficient in (1 - H) of less than 1, then
- the reduction curve bottoms out at lower

frequencies, so it is analogous to the bot-
toming out of your EC curve due to a less
than 1 error-feedback coefficient. So, you
could say that quantization noise shaping
in sampled data systems is analogous to
distortion-shaping in feedback or error
correction in continuous signal systems.
You often see that when the distortion is
driven down by feedback or EC, it works

- for the first few harmonics at the expense !
- of increasing higher harmonic compo-
nents. Again, just like what we observe :
- with noise shaping in digital systems!
. You should look into the literature
- about Super-Bit Mapping (SBM). Mi-

chael Gerzon and Peter Craven in the UK
worked on that as did Stanley Lipshitz
and John Vanderkooy and also SONY. |
well remember a rather heated argument
between Michael and a Sony engineer
during an AES convention some years
ago! The idea with SBM is to apply noise
shaping to a digital signal in the context of
CD. Normally, with uniformly quantized
and dithered 16-bit/44.1kHz LPCM, the
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FIGURE 9: Generalized noise-shaping
structure.
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noise floor is essentially flat from DC
to 22.05kHz.

Now, they asked, suppose we start
with a 20 or 24-bit source, and we
re-quantize and noise-shape the sig-
nal, can we somehow retain some of
those additional bits of resolution
below those 16 bits? Of course, the
noise that you reduce in one part of
the spectrum needs to go somewhere,
and what SBM does is to decrease
the noise in the mid band so you
get perhaps 18-bit resolution in the
frequency region where the ear is
most sensitive.

The noise-shaping transfer func-
tion is designed to follow closely
the Fletcher-Munson curves; conse-
quently, the noise may rise by perhaps
as much as 40dB at the very high

Slope distortion reduction using

FIGURE 10: Enhanced cascode concept.

pology. (a) Conventional cascode.
(b} Enhanced cascode. (c) llustration of signal current paths ice, fcp 10 Zcey Zen:

ther improve on that with Fig. 11C,
where complementary transistors are
now effectively in parallel for AC,
so the changes in the respective r.s
due to signal current are almost per-
fectly complementary such that the
transconductance of the combined
transistors is almost independent of
signal current; that is, the circuit is
linear.

If you plot the nonlinearity (as an
error function) versus the value of
Rg and signal current (Fig. 12), you
see that there is a point, with very
low Rg, where the Fig. 11C stage is
almost perfectly linear. So this is a
valuable property, but as you can see
there are some challenges in biasing
it, especially with those very low-
value emitter resistors. However, you

frequencies, but because your ears are very
insensitive in that area you cannot hear
it. It is also important to realize that in a
properly designed SBM system the noise
is of constant level, and there should be
no intermodulation with the signal. Also,
the signal-transfer function is constant.
So, provided that your DAC has at least
18-hit accuracy, you can perceive a subjec-
tive resolution of around 18 bit. And at its

core, again, is a concept that you would :

recognize as an error-correction amplifier!

I developed with two of my research stu-

preamp, was published in HiFi News in

May 1988. Richard subsequently devel- :

oped this conceptual LFD pre-pre that :
used floating power supply circuitry by

optimizing component selection and over-

all construction to achieve a very high :

level of performance. The reasoning be-

hind the circuit is as follows: In a simple, :
single-ended emitter follower (Fig. 11A)

the transconductance of the stage G, =

1/(r, + Rg) where r, is the intrinsic base :
- power-supply imperfections are dramati-

resistance.

Since r, = 25/1, you see that because r,

- changes with signal current, this introduc- -

Your use of that AD844 current con-
veyor in your error-correction amplifier :
does remind me of a similar topology that
- falls. There is not perfect cancellation be-
dents, Paul Mills and Richard Bews. This :
design, which led to the LFD moving-coil -

es distortion. You can improve on this (Fig.

11B), and now G, = 1/ (r *+ I, + Rp), ¢
. transistor slope resistances and slope ca-

where, for example, when r, increases, r,

cause the transistors of the long-tail pair

. are effectively connected in series in the :
: AC-equivalent circuit, but it is much more
linear than the previous case. You can fur- :

can rework the circuit to retain the linear-
ity yet make biasing somewhat easier.
Another most important aspect of the
topology is the use of truly floating power
supplies because even if the supply volt-
age were to vary or to exhibit noise, there
is no signal path linking to the RIAA
impedance, as related currents can only
circulate in closed loops. Consequently,

cally reduced, which is very critical in MC
applications where small signals can be
sub microvolt in level.

Under large signal conditions, you have

pacitances which are being modulated by

- the signal, and that’s potentially bad news.

Some people call it phase modulation,
going back to something Otala brought
up many years ago.
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