ur lives as audio enthusiasts would
have been very different without
Tom Stockham. Audio buffs and
electrical engineers know Stockham

as the man who introduced digital

recording and tapeless editing to
the world, as well as for his associations with
Soundstream Technologies. Then there was his
patent on the homomorphic compander, a
forerunner to dbx and Dolby noise-reduction
systems.

Stockham received his bachelor’s, master’s,
and doctoral degrees from M.LT. He has re-
ceived numerous awards for his contributions
to audio technology: The Poniatoff Gold
Medal from SMPTE, a Gold Medal from the
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AES, an Emmy, and many others. Most recent-
ly, NARAS awarded him the first-ever Techni-
cal Grammy Award in 1993 for his “pioneering
role in the development and advancement of
digital recording.”

Currently a professor of electrical engineer-
ing at the University of Utah, Stockham also
runs his own consulting firm, Stockham Tech-
nologies, the focus of which is applications in
vision and genetics. In this interview, reprint-
ed from the Winter/Spring 1994 issue of
NARAS Journal, published by The National
Academy of Recording Arts & Sciences, Dr.
Stockham discusses the development of digital
recording, his views on the digital/analog de-
bate, and other audio matters. D.L.
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What was your role
in the development
of the technology we
now know as digital
audio?

Let me go back a lit-
tle ways. The first
time I ever saw digital audio actually work-
ing was in 1962. I'd been a student at
M.LT. in the ’50s, and then I went into the
Air Force. When I came back to M.I.T., as a
new assistant professor, I went around vis-

Daniel Levitin holds degrees from Stanford University and
the University of Oregon in Cognitive Science. He has writ-
ten extensively on professional audio applications, taught
music technology at Stanford University, and worked as a
staff engineer/producer for 415/Columbia Records. He cur-
rently performs research in visual and auditory psy-

chophysics at the University of Oregon.
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iting the labs and I found people doing in-
teresting work. Some of the students were
using a computer called the TX-0, and they
had connected a tape drive to the machine
and a microphone and speaker to an A/D
and D/A converter. What you could do was
talk into the microphone, and the tape
would record all of that in binary. It was
probably using 6 to 11 bits, with a sam-
pling rate around 10,000 samples per sec-
ond. After you had finished recording, the
thing would rewind and play it back.

We're talking about a ma-
chine that took up the better
part of a large room, right?
Right. Then the TX-2 was
developed, which was an
even larger computer. It had
65K memory with 36-bit
words. This was the first real-
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ly large magnetic core memory compulter.
It was back in the days before the byte,
with seven-track tape and all of that.
Where did the converters come from at
that time?

A company named EPSCO created an
A/D-DJ/A converter you could buy. It was
capable of 11 bits, I think, and was pretty
high up there in sampling rate, maybe 22k.
It’s possible | saw some demonstrations of
these in the late "50s, around 1959. Bernie
Gordon, who was the CEO at EPSCO, was
playing with digital audio back then.

What did you do next?

Well, we used the TX-2 and digital audio
quite a bit. I worked on a project with
Amar Bose, who was at M.L.T., and we used
it to design the first Bose speakers.

Were the first Bose speakers built around
the same principles as his later ones?



Yes, it was his idea that
the loudspeakers were
limited by the room
acoustics, not so much
what was put in a well-

designed loudspeaker;
that the problem was mostly outside, not
inside the speaker. Of course, one could
build a terrible loudspeaker to claim other-
wise. But his idea was that if you built a
loudspeaker properly, most of the distor-
tion was put forth by the room.

Why would room acoustics be so singular-
ly important in a home listening environ-
ment? If I have musicians actually play in
my living room, it sounds great. Why do
room acoustics play such a critical role if I
merely put speakers—point sources, essen-
tially—in the room at the same locations
where the live musicians were?

Because your living room then becomes a
second venue. If musicians are recorded in
a concert hall and you try to play back the
sound of that hall in your living room, the
second-venue problem is created.

So you've got one set of acoustics stacked
on top of another, competing.

Yes, that’s right. That's why live perfor-
mances sound so much better than any-
thing you have ever heard. And the second-
venue problem hasn't been solved, even
today.

It seems like one solution would be what
contemporary recording engineers have
done, at least for popular music. If you
record everything in a controlled studio
environment, close-miked, you would
avoid this competition of acoustics.

That is a partial solution to the second-
venue problem, but it’s not a total solution.
Because of the inherent artificiality of stu-
dio recordings?

Suppose we let the listening venue be the
one that we want. Let’s try to change the
original venue somehow, such that when
you combine a typical listening room
venue with the changed original venue, the
whole thing turns out more like a single
venue when it’s played back. As far as |
know, nobody’s ever shown conclusively
that such trials work well, or even better.
It's somewhat better, but it’s not the solu-
tion we really want.

Bose found a living room that he felt was
reasonable, and he put
a loudspeaker in the
corner. It was a proto-
type of the first one his
company sold, the
2201. You may remem-

ber that it was an eighth of a sphere and fit
in a corner. We set up a microphone and
recorded some music produced by the
speaker in this “ideal” listening room.

The next step was to find the impulse re-
sponse of the room. By setting off a spark
in the corner where the speaker had been,
and recording it over and over again, the
spark permitted us to determine the noise-
free impulse response of the room. In this
way, we had the impulse response of the
ideal speaker as a reference.

Next we took the music we had used
earlier and convolved it with the spark
recordings we had made, The whole idea
was to see how much poorer the loud-
speaker was than the spark (the ideal
speaker). We found that by using a filter,
properly designed, the two were very close.

Before digital
tems for
home could be
built, profe
equipment was
needed to create
the recordings.
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It seemed to us that all but a very few of the
speaker problems had been removed. Now,
I'm going from memory here; if Bose was
sitting here he might be yelling that that
isn’t the major point. As exciting as these
results were, the point is we used digital
audio for this experiment back in 1963 and
1964.

What was your next encounter with digi-
tal recording?

We knew how expensive digital audio was
back then, and I just didn’t pursue it much
more for a while. Starting in 1966, 1 spent
2V years at M.LT.’s Lincoln Labs, working
on digital signal processing.

What got you interested again?

One day, two very well-known M.LT. pro-
fessors came into my office because 1 had
been asked to write a problem for the doc-
torate exam that year. They said, “We want
to ask you a question about this problem
you put in here on the exam: What is this
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about?” Now, [ had created a digital ver-
sion of an RC circuit in the problem, and 1
told them that. I figured, since digital sig-
nal processing was going to be an impor-
tant part of the future, that the students
were being taught all about this. And these
two professors just said, “Oh. Okay,” and
they walked away. But this told me that the
people who were really in the know didn't
understand this; they weren’t aware of
what it meant.

You left M.L.T. in 1968 and joined the
Computer Science faculty at the Universi-
ty of Utah. What prompted your forma-
tion of Soundstream in 1975?

Malcolm Low (the L in KLH) was here at
Utah and helped set up Evans and Suther-
land Computer Corporation; they pio-
neered “3-D” computer graphics. One day

TOM STOCKHAN

AND KEN HA!

in 1974, Malcolm came over to my house
and said, “You know, it’s time to start a
digital audio company.” I told him he was
crazy, but one thing led to another, and we
were in business a year later.

Our purpose in starting Soundstream
was to develop a system for the home that
would play back digital recordings. We
knew there was a chicken-and-egg prob-
lem, so we started out by creating the pro-
fessional equipment that would be needed
to create the recordings themselves.

We developed some 16-bit, A/D-D/A
systems, and we put together a machine
that could record and play back. It had an
instrumentation tape recorder
that’s used for technical experiments and
such—and a large box of electronics that
went with it.

And storage was all on magnetic tape?
Right. As far as I know there was no one
using anything but magnetic tape in this

a recorder




arena, However, the Japanese had built a
number of different digital audio recorders
and playback systems in their labs and
they'd bring them around occasionally at
AES Conventions. But that was growing
very slowly and very internally there. 1
don’t think they thought there was a mar-
ket for it! I think they thought they needed
to be up to date with the technology, but
they weren'’t really anxious about commer-
cializing it; you couldn’t find anybody at
Japanese companies who was talking about
selling it. It was more for demonstration—
“Here, have a look at the future.” Denon
was doing the most; they were going out in
the field with 14-bit recorders and making
LPs with them. Then they wourdd use their
digital recordings to show how good their
analog audio equipment was. They were
not trying to interest the recording compa-
nies in any way I could detect. However, 1
was. We worked for three years before we
made a paid commercial recording.
You are credited with making the first
commercial digital recording. . ..
Right. We took our machine and did a dig-
ital recording in Santa Fe of an opera in
1976. Of course, by then we'd made a lot of
digital recordings, and so had many others,
but only in laboratories. Santa Fe was the
first real-world recording we made. Every-
thing worked perfectly. Then we demon-
strated the recordings at the AES Conven-
tion in the fall of 1976.
Did you then try to get record companies
and recording engineers interested?
Doug Sax was doing a lot of direct-to-disc
recordings, but he wasn’t interested in our
digital machine. So we went to Crystal
Clear records and did a recording of Virgil
Fox, and those recordings were stunning—
very, very interesting. That started our cash
flow going. We also recorded Arthur
Fiedler and the Boston Pops. These weren't
released right away, though. The first com-
mercially released digital recording was for
Telarc, of Frederick Fennell and the Cleve-
land Symphonic Winds, recorded in spring
1978. The thing became afire then; people
who had never talked to me before started
calling me on the phone and saying,“Why
didn’t you tell us it could be this good?”
That was when people really understood
what we were doing and what it meant. By
1981, we had at least 500 digital masters in
our vaults that came from various sources.
Telarc and Soundstream brought digital
recording to the world. Other people had
it, but they were just using it internally.
Then, in 1982, Jack Renner [CEO and chief

engineer of Telarc] put out the first CD.
The role I played, along with my people,
of course, was to commercialize digital
audio and to have it used by the record-

ing companies, not just by the technical
people. There's been a lot of talk about
who made digital audio first. We had the
first commercial digital recorders; 3M was
second in developing theirs.

You also were a pioneer in digital editing.
Yes. The funny thing is, even today
people are using editing systems that
are very primitive, and our editing
system was up and running back
when we were in Santa Fe. We had
a totally computerized editing sys-
tem. This meant you didn’t have to
have tape swishing back and forth;
you could start at the back of the
recording and do your editing
backwards if you wanted. We in-
vented hard-disk editing, and we
were using it back in 1975.

In a sense, we not only pio-
neered tapeless editing, but we
were the only people who were
in it. My invelvement with
Soundstream stopped in 1980,
but the technology found its
way to other companies. '
What was the sampling rate
of these first digital recorders?
At different times we had
three different sampling
rates. When we first put the
converters together, we
thought that our market
would be radio, that peo-
ple at radio stations
would want this. So we
were working with a 15-
kHz bandwidth then,
because FM has a 15k
bandwidth. We made

some recordings
with that band- ENRICO CARUSO
width, but not

many, not more
than three or four.
['m pretty sure
that the one at
Santa Fe used
that.

So, you are
talking about

a sampling
rate of 32k

or so?

It would have to have been larger than 32k;
that’s cutting it a little close. We used

(o
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37,500. After that we
had a converter that
was something like 47
kHz—I don’t know
where that came from,
it was some fraction of
something—but it was
above 44.1. Then all the rest were 50 kHz,
and anybody that’s got one of our ma-
chines right now is at 50.

How many Soundstream machines were
sold?

Between 15 and 20. I have no idea how
many are still in use. My guess is essentially
none. We sold most of our inventory to
Bertelsmann. They loved our editor, and
worked one of them constantly for eight
years. They just put it away in April of this
year. I think that editor worked on thou-
sands of CD masters.

Did all of the machines use the original
Honeywell transport?

Yes.

Did you have to modify it?

Yes. Basically, what we did was put in a
head for 16-track work plus two side chan-
nels for SMPTE. We usually didn’t use that;
we didn’t have too many jobs where we
had to sync with anybody.

How did you handle error correction?

We recorded a given track on two tape
tracks and separated them as far as possible
from each other. So, for example, we might
record on tape track numbers 1 and 8, and
the signals were identical. This correction
and detection system was very, very good.
The only one I can think of that was better
was the one that comes with CD. We had
no problems with this scheme of writing
everything twice. The logic of determining
if there was an error was very simple and
very reliable.

So the way it worked is that you just com-
pared one track to the other?

Yes, we'd see if the two codes were identi-
cal. If they weren’t identical, we knew
which one was bad, because if there was a
dropout, the energy on the tape was too
low. Incidentally, none of our clients ever
found a digital error in any of the tapes we
made. And I'm sure there was a terabit of
stuff by the time we quit.

What did early digital sound like?

It sounded great to me, but don’t ask me.
You know what a gold-
en ear is. Well, | have a
lead ear. Jack Renner
always tells me I have a
good ear, but I never
would say that’s the
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case. 1 enjoyed the music, and it was defi-
nitely superior to anything I had heard be-
fore. Our tape recorders were made not
just by listening, of course, but by a group
of people listening and a very, very careful
study of whether the thing was theoretical-
ly correct.

Did Soundstream ever get around to look-
ing at digital audio for the home? Some-
thing like CDs?

That was the idea from the beginning.
Malcolm Low brought the idea up in our
very first discussions in 1974. In 1980, we
merged with Digital Recording Corpora-
tion, and the name became DRC/Sound-
stream, a public company. 1 did not play a
heavy role in the development of the digital
player they were trying to put together, but

or they die. And you know, just before peo-
ple are going to be killed or murdered, they
will say anything.

Well, there are musicians and artists, re-
spected recording engineers. . .

Well, that could be, but that’s not the ques-
tion. The question is, does the digital
recording sound like the original source?
Now, because it sounds different from the
analog recording, it might be more pleas-
ing to some listeners and less pleasing to
others. As far as I can tell, there isn’t any
defect hanging around in digital.

Have you seen that book about record-
ing by Gaisberg? It's an old book from the
'40s. [ The Music Goes Round, by Frederick
William Gaisberg, Macmillan, 1942.] He
recorded Caruso way back, and he talks

Amar Bose
and I used
digital audio for
experiments on

he second-venue

problems back
in 1963 and
196

we were trying to develop something like
the CD.

When you say it was like the CD, do you
mean it was optically based?

Yes, it was. | was running the recording
part, so [ wasn’t in charge of the design
there. They wanted to create a “record”
that would be the size of a 3 x 5 card that
you could put in your shirt pocket and car-
ry around with you. In this mode, it
wouldn’t be the card that moved, it would
be the reader that moved. A unit was built,
and it did work. But it was abandoned
when the CD emerged, and the design race
was over.

There are still a great many people who
say that analog sounds better than digital.
The battle has been playing out in some of
the high-end audio journals as well as in
pro audio and musician magazines. . . .
Are the people who are saying this in con-
trol of a company or a business? Because,
of course, companies have to make money
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about the transformation between acoustic
and electric recording as it occurred in
1925, He points out that most of the
recording engineers had to give up their
trade when that happened because they
didn’t know what to do with the new
recording technology. Now, I can imagine
that more than a few people were upset
about that—they lost their jobs. I wouldn't
be a bit surprised if some of them said,
“Gee, this electric recording doesn’t sound
as good, does it?”

Well, I always figured that when people
say they like analog recordings, what they
like is actually the harmonic distortion.
The terms they use—like “warmer,” “soft-
er,” and “less harsh”—suggest that this is
what they like about analog. Distortion
can sound warm because it muddies up
things. Digital has no distortion, so they
don’t like it; they’re not accustomed to
hearing recorded music that way. Do you
think this is part of it?



Oh, absolutely. In fact, I think that’s almost
the whole thing. It is that smearing that
they like. After I restored the Caruso
recordings, we played them back for some
collectors and compared it with the origi-
nals. [In the '70s, Stockham processed old
Caruso recordings; his restorations were
later issued by RCA.] Now, the originals
had lots of surface noise, lots of energy
above 8k or so, and the restorations didn't,
because there was no [music] energy in
that part of the spectrum in the original
recording. And you know what? Many of
the collectors liked the sound of the [unre-
stored] originals better, and the only rea-
sonable explanation is because their ears
needed to hear energy in this range. I find
this very interesting. I should think you
would know something about this from
your own laboratory work.

Just to exhaust all the possibilities in this
digital/analog debate, is it possible people
are hearing artifacts in digital? Bad anti-
aliasing, dithering, and so on?

[ don’t think so. If things have been done
right by the people who build the equip-
ment, that's not going to happen. Unbe-
lievable amounts of diligence have been
put in to make sure that’s not a problem.
Some of the really cheap converters that
are built into budget equipment do sound
awful, though. . ..

Well, that's a different issue. Obviously,
you can make something bad if you want
to—and if you want to make it cheaper. I
feel kind of funny about all this, because,
like you, I want to find “the answer.” But
every time I went to find the answer, I
haven't gotten cooperation, or had the fa-
cilities, and so on.

Do you know Stan Lipshitz's work? He
has done more than anyone to put this out
in the open. He writes in the AES journal.
He's tried to make the role of dithering un-
derstood by people who haven’t under-
stood it. He was president of the AES a
couple of years ago. As an academic, |
think he is the one person in the world
who most knows what can go wrong, the
unbelievable things that can go wrong in
research studies when people try to do
them honestly—and dishonestly. Lipshitz
talks about the whole notion of telling
whether things are different, whether you
can hear the difference between A and B.
He points out that if you wanted to try and
determine if two things are identical or not
with 99% confidence, you have to get
things right every time in seven consecu-
tive trials.

You’re talking about the statistics of cer-
tainty; the binomial probabilities.

Right. So for example, if you listen to three
recordings and start pontificating on the
differences, and someone comes along who
knows whether this is accident or talent,
you're not even on first base with this sam-
ple of three. If someone is going to come in
and listen and A/B some recordings, you
can’t believe they know what they’re talk-
ing about—or that the difference exists—
unless they are able to get it right seven
times in a row.

You were part of the expert panel that ex-
amined the Watergate tapes. What was
the assignment of the Watergate panel?

It was just a few days before Rosemary
Woods came up with the existence of the
18%-minute gap. And so any plans that
were being made at that time were cleared
up quite quickly, right then and there. Our
team then spent essentially six months
writing a report about the gap.

Did you get hold of the tape and try to re-
cover the portion that was erased?

Oh, yes. We did a very thorough job trying
to recover it. Unfortunately, it was erased
by a stenographer’s recorder that had a
double erase head, and absolutely no

Do you see something replacing the CD
soon, as new technological breakthroughs
are made?

[ haven't been following this, but the con-
cept that some people have had—namely
that you could have a “CD” on a chip—is
still pretty far off. You have to take into ac-
count the “25-year syndrome.” The syn-
drome is that you cannot change recording
media faster than once every 25 years. In
particular, there was the Edison [cylinder|
era, which was about 1877 to 1900. Then
the disc reigned as a primary medium, and,
of course, it wasn’t electric for 25 years.
Then the electrically recorded 78 survived
until 1947, when the LP%ame out. (I'm go-
ing to put the medium of tape aside here.)
It was a longer stretch that time, before the
CD came out in 1982, maybe because of
the two media being around, the cassette
and the LP. And, of course, another retar-
dant [for the 25-year rule] was the advent
of stereo in the middle there. But the in-
dustry isn’t going to put up with another
major change for another 15 years or so.
You have to realize that everything before
the CD was needle and groove, so it might
even be more robust this time because the
technology is so different now. But I'm

sure there will be a change, count-
ing when it started in 1982 and
then adding 30 years.

That long? What if technology al-
lows for a dramatic change in for-
mat or type? What if you could get
| the playing time up to 10 hours, or
| the size down to 2 inches, or if the
indexing gets better?

I don’t think that size or any of
| those other things is going to have
the weight that a new change in
sound quality would. The things
you mention are just conveniences,
in my world. I don’t think they
would have the thrust to create a
major change.

You think that change is driven by

A HONEYCOMB SPEAKER
ENGINEERED WITH AMAR BOSE.

human voice sounds were there except in a
couple of places where the instrument used
was stopped and then started again. But it
was obvious, in the final analysis, that the
gaps were created by the pushing of a man-
ual button on the recorder. Also obvious
was the way in which it was done; without
a doubt, it had to have been done by a fin-
ger pushing this manual button.
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sound quality?

I do, I really do. When you look
back historically, it was sound
quality that drove the changes; the
first records were so much quieter than the
Edison cylinders, which were very, very
noisy. And the advent of vinyl was a huge
quality improvement.

You were first author on a famous IEEE
paper in 1975, “Blind Deconvolution
Through Digital Signal Processing.” The
article describes your work in restoring
those old Caruso recordings, but it also



talks about work
you've done in en-
hancing blurred visu-
al images. What is the
connection between
your work in audio
and in vision? Have they cross-pollinated?
Yes, because, in fact, the whole technology
is blind deconvolution. In both modalities
[sound and vision|, our work was based on

- &1

the ideas put out in an earlier paper, “Non-
linear Filtering of Multiplied and Con-
volved Signals” [Oppenheim, Schafer, and
Stockham, published in the IEEE journal
in 1968]. That was a very large bomb on
the EE plateaus. The notion that you could
do linear filtering for nonlinear systems
wasn't universally well received. The whole
thing stood on Al Oppenheim’s doctoral
thesis—and you see, it is really very simple.
Mathematicians have known for years that
you could make a transformation from
multiplication to addition; even children
learn this in school: It’s just the logarithm.
There’s a theorem in modern algebra that

says that if you have a vector space (and
this is a modern algebraic vector space, not
what you would talk about if you were do-
ing electrical engineering with electricity
and things like that), then if the rule for
combining vectors is not type A, you can
make it be type A by a unique one-to-one
transformation, creating another vector
space with a different rule for combining
things. What that says, of course, is that if
you have something that doesn’t combine
using addition, but using some other
transform, you can force it to use addition.
That’s the key to the deconvolution prob-
lem, then. In the particular case of the
Caruso recordings, you have two con-
volved signals; the signal from Caruso is
convolved with the response characteris-
tics of the old mechanical-horn recording
mechanism.

If I understand you now, you're saying
that you can take this convolution, apply
an FFT to create a multiplicative function,
and turn it into an additive function.
Once you have the latter, it is trivial to
separate the two functions, allowing you
to restore the sound of Caruso’s voice.
That’s right. As you know, if you apply an
FFT to a convolution,
the convolved signals
are then no longer
convolved—they are
multiplied. Because
you've gone from the
time domain to the

frequency domain. And when you do that,
as everyone knows, you go from convolu-
tion to a product. Then you just take the
log and you've got a sum, and you can you
apply regular linear theory.

There are two arenas for making an in-
teresting practice for using these things.
One is taking multiplied things and mak-
ing them additive; the other is taking con-
volved things and making them additive.

In the paper you talk about deblurring
photographs as being the same problem
conceptually as the dereverberation you
did in sound. Ideally, you would have

The engineering ?

breakthrough
that allowed
Ray Dolby
to make his
compander is
his brain,
I think.

several recordings of Caruso with the
same horn impulse response, and analyz-
ing these would allow you to extract out
the horn response—because it would be
common to all of the recordings. But in
this case, you only have one example, so
you sliced up the image into a bunch of
smaller frames, assuming that whatever it
is that created the blur will exist common-
ly in each frame. Is this how NASA deblurs
Mars pictures?

Well, T haven’t had much contact with
them, so I don’t really know how they do
it. But, yeah, 1 imagine that it must be very
similar.

Presumably, NASA has thousands of pic-
tures of Mars all taken with the same cam-
era from a similar angle, so the problem
should be easier for them.

Yes, you're right. And this is fundamentally
a deconvolution problem of the type we've
been talking about. But they don’t need to
chop up the individual image; so they can
get much better resolution than if they
only had one picture.

In audio, is surface noise an example of an
additive function?
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Yes. And there are analogies in vision as
well. In black-and-white photography with
film, how much silver do you have to put
in the film so that when you examine it on
a light table it appears to be the same as the
original scene? The answer is, the log of the
exposure. So photography is multiplicative.
But you can transform it into being addi-
tive by taking the log,

In audio, an automatic gain control is
multiplicative. The 1968 paper discusses
this and describes four of our experiments.
The first one was an automatic gain con-
trol where you'd take the log of the signal,

process it linearly, and come back out again
and exponentiate the result. That gives you
an automatic gain control.

This sounds like a compander.

Right, that’s indeed what I did; I made a
compander.

Well, in fact, didn’t you make the first
compander?

Yes, I did, but only the first homomorphic
compander. Other companders were devel-
oped, starting in the early part of the cen-
tury. The telephone company used them,
for instance, to reduce line noise.

How did the commercial companders, the
dbx units, for instance, differ from yours?

I think the dbx units had a great similarity
to the original compander [ built.

Maybe you could describe, for the readers
who don’t know, what a compander does
and how it works.

If you have a dynamic range of X dB, you
can make it have a dynamic range of X/2
dB, or any other dynamic range you want
to have. I patented a way to make a com-
pander that would do that kind of thing, It
takes the complex log of the signal, and
then it puts the real part of that through



either a linear or nonlinear filter. Next it
exponentiates the filtered signal, and then
restores the sign by multiplying the expo-
nentiated filtered signal by the imaginary
part of the complex log,

The filter is designed to be a low-fre-
quency attenuator if the compander is in
the compression mode, and a low-frequen-
cy amplifier if the compander is in the ex-
pansion mode. It makes a very nice com-
pander. But not good enough for ultra
hi-fi. That’s what made me do what I did
in developing digital recording.

How is this different from compressors
and expanders, such as those recording
studios use?

Well, those are designed to alter the signal
for particular purposes. A compander
should allow you to take a signal, compress
it [in recording], expand it [in playback],
and have it be intact so that it’s just like the
original.

You said it was clear to you it would be
impossible to make one with high enough
fidelity, but then Ray Dolby did make one.
The compander that Dolby made was very,
very good work. You know how that works:
When you have tape noise, you make the
dynamic range of the signal less, so every-
thing’s louder—the loudest things are now
just as loud as they were, but the softest
things are 50 dB louder. That means that
when you go and expand, the noise has
been pushed through a floor that you
didn’t have before. Unfortunately, because
the signal is bipolar, it's very hard to con-
trol. Because the signal is positive, then
negative, and so on, you have to have a very
quiet switch. I'll tell you, making digital
recording work is a lot easier than making
this work. Dolby made this work, because
his things aren’t that decontrolling. He
doesn’t try to do too much compression.
What was the engineering breakthrough
that allowed him to make this?

His brain, I think. He’s a very creative guy,
very creative. He was a star, you know, in
the TV era. He was one of the people who
put together TV recording in the '50s, so
that you could have delayed television
broadcasts; he was part of the Ampex
group that did that.

Have you heard Dolby SR?

It’s not bad. But it won’t do what digital
will do.

Some people say that Dolby SR is better
than digital, that it’s “smoother,” “ silkier,”
“warmer”. ..

Well, we're back to what we were talking
about and the dichotomy between fidelity

and what you like. Also, I haven’t had a
chance to look very deeply inside the ma-
chines it's competing against, the Sony and
Mitsubishi digital recorders. T don’t know
what’s in them; I haven’t had a chance to
see for myself whether they work right or
wrong, so [ can’t comment.

Do you think this is a case similar to the
Caruso restorations, where your collectors
liked the noisier recordings better?

There is definitely a relation. When we first
were using the dbx, we did some experi-
ments where we recorded one tape with
dbx and the other without. We had it set
up so you could switch between them for
playback. When you turned on the normal
one, everyone would be happy. But when
you got rid of all that noise and the hiss
went away, it was dull and uninteresting.
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Then, when I said, “Let’s compare the
companded one with the original,” and 1
threw the switch, they couldn’t tell the
difference!

This is a matter of “fidelity” versus
“what you like.” I want to be sure that you
understand I have no feelings of any type
that people shouldn’t like what they like,
But I do get upset when people don’t un-
derstand that what you like might not be
exactly like the original you were trying to
put back together in the recording process.
There’s nothing wrong with not putting it
back together the same as it was; it might
even be a lot more fun. But if you're talking
about fidelity, you shoflildn’t say that you
don’t have it when you do. It is important
to distinguish between whether what
you’re talking about is coherent or not.



