An Afternoon with Jan Lohstroh

By Jan Didden

Meet the man who rocked the audio world with his solid-state amp design.

for very high quality audio amplifi-

ers started to appear. This came from
the availability of discrete complementary
power transistors, including faster PNP
power transistors, which are inherently
slower than NPNs. Power bandwidth
increased and distortion levels decreased
(ultimately leading to the "THD wars” of
the 80s). With that, interest in the dynamic
bebavior of power amplifiers also increased.
In 1972, Jan Lohstroh and Matti Otala
published an AES paper on the design of
low transient intermodulation amplifiers’
that generated much discussion, which con-
tinues to this day. Jan Didden visited Jan
Lobstroh at his home close to Philips’ head-
quarters in Eindhoven, The Netherlands,
to talk about audio—ithen and now. And
to listen to audio. Live.

I n the early 70s, better circuit designs

Jan Didden: Dr. Lohstroh, thank you
for the opportunity to chat about that
fascinating subject, audio reproduction.
Something that intrigues me—it seems
thatafter that episode in the early 19705,
you didn’t publish any more about audio.
Which path did your career take?

Jan Lohstroh: You're welcome. And you
are right, audio was and still is close to
my heart, but my professional career in
research was focused on integrated digi-
tal circuitry and memory. 1 published
many articles about these topics and
was (co)inventor of 22 patents, includ-
ing Integrated Schottky Logic (ISL).
My PhD thesis from the Eindhoven
Technical University was on ISL. Ulti-
mately, I managed several departments
at Philips—research, semiconductors,
consumer electronics, and intellectual
properties and standards—and became
divisional senior vice president.

1 did not really have the time to follow
the literature on audio amplifiers until
recently. I was simply too busy in my job
and spending the little private time I had
on mountaineering and music, playing

the piano. My contract with Philips ex-
pired when I was 60; then I started my
own consulting firm, “Lohstroh Con-
sultancy,” on R&D Management, Intel-
lectual Property and Standardization.
One of my current jobs is part time at
ARTEMISIA [European organization
involved in the application of embedded
systems—Eds.], as its Secretary Gener-
al (https://www.artemisia-association.
org/artemisia_secretary_general).

JD: Which is, in fact, also the case with
Matti, who also pursued a career differ-
ent from audio, as I understand.

JL: Indeed. Over the years, I had onlya
few contacts with Matti by e-mail and
saw him only three times since 1973.
The last time was at the IFA Consumer
Electronics Fair in Berlin at an “Elec-
trocompaniet” booth about ten years
ago. Apparently he was acting as an ad-
visor for them. The last e-mail contact
with him was two years ago. He was
then suffering from a brain disease and
was hardly able to speak or type. Shortly
after that, all my computers were stolen
from my home, so I lost all data and e-
mail addresses. A mutual contact of ours
in Finland confirmed to me today [JD:
Aug. 2009] that Matti is still alive, but
reportedly confined to a wheelchair.

JD: Of course, we all are very curious
how that famous “Lohstroh/Otala amp”
came into being.

JL: Actually, as is often the case, just by
coincidence. 1970 found me as a young
researcher in the digital memories group
of Philips Research in Eindhoven. I had
just left the Delft Technical University,
where I had done my MSc thesis on
analog circuitry for Nuclear Magnetic
Resonance measurement equipment. In
1972 we had a working guest, a Prof.
Matti Otala from Finland, who want-
ed to spend a sabbatical year at Philips
Research. Matti became a member of a

subgroup working on magnetic bubble
memory systems; at that time I was a
member of a subgroup working on holo-
graphic optical memory systems.

We had regular contact, and once
during lunch I told Matti that I planned
to design and build a solid-state audio
amplifier for myself, because my wife
didn’t really like the large form factor of
the valve amplifier that I had designed
and built as a student, some five years
before. Matti then told me that he had
done some research on audio amplifiers
in Finland and explained his TIM the-
ory to me. He recommended that I build
something with a low open-loop gain, a
high open-loop bandwidth, low feed-
back, and a high slew rate. Preferably
class AB with a switch point to class B
for loud passages and peaks only. Also,
he suggested not to bother with the to-
tal harmonic distortion figure because,
as a number without details about how
cleanly the signal crosses the zero line,
it would not really determine the sound
quality if the value is not too high.

I was intrigued by his recommenda-
tions. Matti had already published in-
formation about TIM?, and I had seen
some solid-state amplifier schematics
with a single power supply and a non-
symmetrical output (with a large speak-
er coupling capacitor), which I did not
like at all. In my view, a clean-sounding
design should be as symmetrical as pos-
sible, using a dual power supply, avoid-
ing capacitors (so DC coupled), and
with a fully symmetrical output stage
using complementary NPN and PNP
transistors.

I drew up the circuit diagram, which
is almost the same as the one you know
from the publication, and showed that
to Matti. He thought that this approach
could indeed eliminate the TIM prob-
lem and that it would be very worth-
while to build it. He had some com-
ments about the feedback circuitry and
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RF damping in the power supply lines
that I did take into account. In fact, he
was very enthusiastic and eager to see
the measured results of this design and
said that, if they were good, we could

publish them.

JD: What kind of measuring equipment
did you have at that time?

JL: That was the problem; I didn't have
any at home (smiling), so Matti and I
launched the idea to work on it during
regular Philips hours, using measur-
ing equipment from an audio group in
Philips Research. Together we asked
our department manager whether it was
possible for us to deviate from the work
we were supposed to do, for a two-week
project that could result in an interest-
ing publication, although not on digital

memories. We were happy that he said

yes.

JD: Having worked at Philips myself, I
guess availability of components wasn’t
really a problem.

JL: Not at all. 1 selected the best tran-
sistors with the highest Fts that were
available at the time from the catalog
of Philips Semiconductors (now NXP)
and built the circuit as a mone amplifier,
using four laboratory power supply units
and a big heatsink for the output transis-
tors. We onlyhad to tweak some resistor
values to optimize the circuit and the

>
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paniet.

Prototype anno 1976

PHOTO 1: The Otala-Lohstroh amplifier as initially produced by Electrocom-

measurement results were immediately
quite impressive. We did some listening
tests with a high-quality Philips loud-
speaker in the audio group’s anechoic
room using a high-quality turntable
with some high-quality mono records.
We were impressed by the clarity of the
sound, the high dynamic range, and the
fact that the clarity remained very pleas-
ant even after listening to the music for
more than an hour,

We did not do any specific TIM test-
ing, because we did not have a setup for
measuring this and time was running
out. However, from our listening ex-
perience, we were sure that if there was
any TIM distortion, it would be very
low in this amplifier.

JD: Amazing that you could do this in
just two weeks. Wasn't Philips interest-
ed in marketing this amplifier?

JL: Well, we gave a presentation to the
development people of the audio busi-
ness group of Philips Consumer Elec-
tronics. They were impressed but unin-
terested, more focused at that time on
the low-end business; Marantz was not
yet part of Philips (and is not any more).
So without the interest of the Philips
audio business and without any pos-
sibility of applying for a patent for this
circuit, which was built using discrete
components, we decided to publish it in
the original version.
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Soon after that, Feb. 1973, an AES
convention in Rotterdam accepted our
paper. Because Matti spoke better Eng-
lish than I at that time, and was also in
a better position to answer questions
about TIM, we agreed that he would
present the paper. Later we submitted
the paper to the IEEE Journal, which
accepted it as well.

The rest of the story you know. Elec-
trocompaniet (www.electrocompaniet.
com) adopted the design for their first
product and even sold it initially under
the name OTALA-LOHSTROH am-
plifier (Photo 1). When we discovered
this, Matti and I asked them to stop
using our names because their design
was not authorized by us. They then
changed the name of their amplifier to
“The 2 Channel Audio Power Ampli-
fier.” It was tested in 1976 by the US
Audio Critic Magazine, which reported,
“Audio freaks—eat your hearts out. This
is the world’s best sounding amplifier.”
This must have helped to make the am-
plifier a legend.

John Curl visited me at Philips Re-
search in 1974, and I understand that he
adopted several principles from our ap-
proach in his amplifier designs.

JD: Interestingly, one of the Electro-
companiet designers of the time, Terje
Sandstrem, relates the following story*:
“One night (it always happened at night
timel), we increased the feedback by
10dB, to a total amount of 30dB. The
sound improvement was staggering!
And contrary to common belief in our
own community!” Apparently, this was
the final form of the Electrocompaniet
amp for years to come.

JL: That is possible. On the one hand,
it is not always possible to understand
exactly what is meant by a “stagger-
ing” improvement. On the other hand,
a design often accumulates small and
large changes from a prototype to the
final product. For instance, I don't know
whether Electrocompaniet had access to
the same (active) devices as we had. And
certainly I would not want to claim that
the amp I built with Matti in just two
weeks could not be improved upon!

JD: Did you use a circuit simulator to
design your amplifier?
JL: No, we did not. During my later
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work in digital research I used circuit
simulation in order to understand the
principal properties of a digital circuit.
Setting all the parasitic capacitances
and/or resistances to zero for the circuit
except in one place gave you good in-
sight. You can do the same for an analog
circuit. Set all capacitances in the device
models to zero and use only a single ca-
pacitor in the circuit; for instance, the
Miller capacitor of the input stage. The
amplifier’s dynamic behavior will now
only be determined by that one capaci-
tor.

Excite the amp with a step impulse,
possibly with a sine wave superimposed
on it, check the signals at all important
nodes, and then re-introduce all the
parasitics step by step to find out where
some limiting factors come from. This
might be time consuming, but you learn
more from it than by including all para-
sitics right away. In this way, you can
“play” with a circuit and look at open-
loop bandwidth and nonlinear behavior
such as IMD and TIM, to mention just

a few.

JD: Well, with the availability of free
very powerful Spice-based simulators,
such as Linear Technology’s LTSpice
(www.linear.com/software), even a be-
ginner DIYer can simulate circuits to

his heart’s content. Unfortunately, if

your knowledge depends only on a sim-
ulator and not on some basic theoretical
knowledge and hands-on experience,
you are bound to misinterpret what you
think the simulator is telling you.

JL: Yes, that is very true. To be honest,
at the time I wasn’t fully convinced that
TIM really was an issue, except maybe
in badly designed amplifiers. Matti’s
suggestions seemed reasonable, and the
final amplifier reproduced music with
a very high quality. But probably al-
most the same quality could have been
reached with a more traditional circuit
with lower open loop (OL) bandwidth
and higher feedback factor, and I have
some sympathy for the scepsis [skepti-
cal philosophy—Eds.| of people such
as Bob Cordell*, “There are more roads
that lead to Rome” is a Dutch expres-
sion.

JD: In re-reading that presentation to
the AES, there are two areas I'd like

FIGURE 1: The Lohstroh amp: high-frequency behavior is exemplary as wit-
nessed by the 1kHz and 100kHz (!) tone burst responses.
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FIGURE 2: Distortion at low power levels is very low in the entire audio band
due to class-A operation at low output power.

Lohstroh amplifier.

PHOTO 2: Dr. Lohstroh (left) and the author contemplating the famous
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to ask your views about. First, the case
is made that input signals of “sufficient
amplitude and high frequency” might
lead to internal overload if their slew
rate was above the open-loop slew rate.
It seems to me that you could design
an amplifier with low open-loop band-
width but with sufficient overload mar-
gin to avoid TIM.

Second, it was claimed that since the
slew rate of signals is generally highest
during zero crossing, TIM would occur
around signal zero crossing and be par-
ticularly bad. But at zero crossing the
signal amplitude is very low so it would

not lead to internal overload and there-
fore not to TTM.
JL: Large OL bandwidth will certainly
help to avoid internal clipping and TIM,
but it is not the only tool in the box. You
could have some lower OL bandwidth,
but a circuit that has relatively large
standing currents to charge internal ca-
pacitances will thus still have large slew
rate or more “headroom” before clipping
occurs. It’s all up to the designer how he
balances the compromises, and you can’t
say in general that a high OL bandwidth
is absolutely necessary.

I agree on your other point; a sine
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FIGURE 3: The Lohstroh amplifier circuit. The full design paper can be found
at http://www.linearaudio.nl/Miscellaneous/lohstroh%20pp.pdf.

PHOTO 3: Jan Lohstroh playing the beautifully-restored 1942 Steinway
Model-C grand piano.
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wave zero crossing has the highest slew
rate, but the higher the amplitude rises,
the lower the slew rate becomes. And,
of course, music is not just sine waves,
so it's more subtle than that.

Anyway, now that [ start to study the
field again, 1 would have thought that
the basic issues such as TIM that some
of us worried about 35 years ago would
have been solved by now. But if I read
some of the online threads on the au-
dio forums, it looks like just the oppo-
site. And a lot of the discussions don't
seem to be based on expertise and un-
derstanding, but come across as almost
religious posturing!

So, what progress has been made on
analog audio? I guess component qual-
ity has improved, power transistors
probably improved for Ft and parasitic
capacitances. Capacitors and resistors
nowadays probably approach the “ideal”
component somewhat better than in
1972. But it amazes me that 37 years
after I build my amp with Matti, the
design is still being discussed—and,
surprisingly, called the “Otala” amp!

I am also somewhat amused about the
discussions on “good sounding amplifi-
ers.” In my view, an amplifier shouldn't
“sound.” Its task in life is to transfer
the signal to a higher voltage and lower
impedance level. Nothing less and cer-
tainly nothing more.

JD: 1 thinkif you look at the professional
world, for instance the AES, these issues
are indeed solved and are no longer dis-
cussed. The AES has moved on, toward
digital technology, storage technologies,
lossless compression, streaming deliv-
ery and—driven by multimedia and
cell phone technology—to perception
issues.

JL: Yes, the often neglected, very im-
portant area of perception! What 1 am
missing is some form of blind listening
tests based on standardized, high-qual-
ity audio sequences by various types of
panels such as general listeners, musi-
cians, “golden ears,” and so on, to be
able to quantify the quality of parts and
components as well as is possible. It is
the ear that should decide the quality of
the sound and not the eye (how much
rubbish isn't sold in glossy expensive
boxes) or the belief. But maybe there is
so much difference in aural appreciation
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between individuals that it will always
remain a matter of taste, similar to wine
tasting. And thus there will be endless
discussions of what is “good” and what
is “bad.”

What worries me really is the abysmal
PA quality of live performances, espe-
cially when the equipment is provided
by rental companies and the perform-
ers provide their own sound people. It
is seldom done well. Almost always too
loud (up to the pain threshold) and not
well balanced; this is understandable be-
cause most people behind the level con-
trols suffer from occupational deafness.
Almost always with a lot of distortion,
wrong sound image, and so forth, too. If
you complain, they look at you as if you
are the idiot. Unplugged performances
are often much, much better.

If I listen to some contemporary re-
cordings, I often think we have been
going backwards with sound quality.
Unscrupulous compression, manipula-
tion, and coloration are not doing the
listener a favor. What is messed up at
the recording and production stage can-
not be undone by even the most perfect
amplifier.

On the other hand, emotion in music
is not about distortion or frequency re-
sponse flatness. Even with a bad ampli-
fier and a mediocre speaker system, you
can hear, for example, how the pianists
Alfred Brendel and Maria Pires inter-
pret a Mozart sonata completely differ-
ently, with different subtleties. You must
take the distortion for granted, but you
can still hear the music’s essence. But,
of course, it is more enjoyable if there is
less distortion. I'd rather look at a great
landscape from the train through a clean
window, of course!

My current interest is more in mak-
ing my own music. I play the piano in
a few bands, including the Lighttown
Bigband here in my hometown (http:/
www.lighttownbigband.nl/de_band.
htm), and I also write big band arrange-
ments. The most enjoyable toy 1 ever
bought stands right there (points to a
grandiose Steinway Model C, 1942, ful-
ly rebuilt). I love to play Bach, Mozart,
Schubert, Rachmaninov, and Debussy.
So, 1 play more music than [ listen to!

JD: Dr. Lohstroh, it really was a plea-
sure to talk to you about your audio

experiences. But I have to ask: Now
that you have more time to pursue your
interests, is there a chance that we can
look forward to a new “Lohstroh” am-
plifier, perhaps a further development
based on the 1972 model?

JL: Perhaps. The interest is coming
back, but any new design should add
something worthwhile to the original
one. But for now, let me play you some
Bach. . .Click on the following link to hear
(audio_sample.mp3).
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