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Distortion Isolation

IN the Time Domain

This author explains a novel measurement technique for

separating linear and nonlinear effects.

his article describes a tech-
nique for separating the non-
linear distortions or noises
(harmonic, intermodulation,
buzzes and rattles, noises, and so on)
from linear effects (such as frequency
response, phase response, room reflec-

tions) in the reproduced result of any

program material. In effect, it allows
you to make a recording of a sound sys-

early distorted part separated from the
linear, undistorted part.

tem never distorts, compresses, rattles,
or clips no matter how much you scale
the input signal. This is an idealized
situation, since no real systems or de-
vices are completely linear—even a wire
will eventually melt or arc over if driven
with a large enough signal. Real-world

loudspeakers and amplifiers will produce

“T'ime-Invariant” means that the sys-

By Bill Waslo

ment, the effects of which will not be
the same each time a test is run. This
will be particularly true when acoustical
devices (loudspeakers and microphones)
are involved.

Because no real audio systems are
completely linear and time-invariant,

. you might think of them as having both
. greater distortions as signal levels are an “LTT part” and a “Non-LTT” part,
increased beyond some point.
tem playing a file which has the nonlin-
- tem produces the same output result |
- every time the same input signal is fed

both of which act on any input signal.
You could then consider the resulting

output signal to be the sum of the LTT
and non-LTT parts of the system (see

For those who remember
their Fourier theory, the oper-
ation of Distortion Isolation
is relatively easy to under-
stand. But just in case you've
forgotten, I'll start with a
simple review.

Remember that if a system
is both linear and time-in-
variant, then its effects on an
input signal can be complete-
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The LTT part includes all
the effects of frequency re-
sponse, delays, and environ-
mental reflections, which
might be mitigated through
equalization, room treatments,
or directivity control. The
non-LTT part includes the
harmonic and intermodula-
tion distortions, hums, noises,

ly characterized by determin-

rattles, and spurious or alias-

ing the system’s impulse re-
sponse. The impulse response
is equivalent to the full com-
plex frequency response, and
these two can be converted
between each other using the
Fourier Transform and the
Inverse Fourier Transform.
This essentially means that
if you know a linear, time-
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ing tones, which are usually
more difficult to deal with.
Mathematically speaking, the
LTT part is that which can be
calculated, given the system’s
impulse response and a re-
cording of the input signal.

N Non-LTI part FIGURE 2: The non—LT'I part is the por-
Output signal tion of the signal that cannot
formula. be calculated that way. This,

invariant (LTI) system’s im-

pulse response (or complex frequency
response), then you can, in principle,
calculate its exact output signal for any
. lowing tests. Again, this is an idealized !
- situation, as real systems and devices
© have internal noise that will not be the !
same each time, and some have memory
point, it should be clear where all this
© is going. If you can measure an impulse
response that you can consider as the

input signal in its passband, as shown in
Fig. 1.
“Linear” refers to a situation in which

a system’s effects on an input signal do
not change when test levels are changed.
You get the same relative change at :
be external noise in any test environ-

low levels as at high levels, and the sys-
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to it. The result doesn’t change over time, :
and has no random components. The act !
. when measured at levels low enough to

of testing once doesn’t affect the fol-

effects.
In a practical sense, there will also

www.audioXpress.com

of course, assumes that the
system is “approximately linear,” and can
be said to even have an impulse response

not significantly distort; and at levels

- high enough to avoid measurement and

ambient noise.
If you've been following up to this



small-signal characterization of the :
audio system, then with a given input
signal, you can calculate the LTT-only !
part of the output signal. And, if you
record the actual output signal of the
system, and subtract the calculated I'TT !

part from it, you are then left with the
isolated non-LTT part, as illustrated in
Fig. 3. The distortion and noise part is
isolated, for analysis or audition.

This is somewhat similar in flavor to
the Baxandall/Hafler power amplifier
distortion testsb2, by which you can lis-
ten to the difference between the input

non-LTT distorts the system is doing to
a given input signal. The new technique
described here, however, is also appli-
cable to loudspeakers, listening environ-
ments, or entire audio systems as well as
to amplifiers.

REASONS FOR ISOLATING

The distortion isolation process can be
useful for a number of purposes. For the
equipment or system designer, it can
give direction for improvement efforts.
If the distortion and noise (non-LTT)
part is very low or non-offensive sound-

ing, then significant improvements are
more likely to come from equalization,
noise reduction, room treatment, or di-
rectivity control. If the non-LTT part is
high and/or irritating, then effort toward
improving linearity or signal level han-
dling is warranted.

Isolating the non-LTT portion will
also help in determining the severity or
give hints about the cause of problems.
Mechanical rattles should be more eas-
ily identified. Amplifier clipping has an
abrupt, rather immediate sound. Signal
compression tends to leave a non-LT1

and a scaled-down output of
a power amplifier. An ideal
amplifier should reveal no

audible difference. Such sub-

traction techniques can give

not Ol’lly a numerical measure

of the difference (the energy

in the difference can be de-

termined using some other
calculations or test equip-

O

convolution

ment), but they can also

provide a way to subjectively
experience the difference by
itself, to hear the character of

system IR from log-swept sine

FIGURE 3: Isolating LTI.
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part that sounds much like
the LTT part.

Distortion isolation also
somewhat mitigates the sub-
jective nature of some listen-
ing tests. Humans can still
judge how much of a problem
the distortion is, but the ef-
fects are not as much masked
by the linear parts of program
material as in a normal listen-
ing test. This could perhaps
lead to better agreement by
listeners about the effects of
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such distortions, as the effects should be

more apparent. Of course, A/D and D/A
converters are involved, so there could be
some objection about the purity of such
results, particularly by those who are
wary of digital audio.

This kind of test can also avoid ef-
fects of listener fatigue. Sometimes just
having the volume too high—even if
clean—makes it sound bad. Ears are
not perfectly linear, either! Distortion
Isolation can help determine whether
the problem is with the system or with a
subjective listener who is overloaded or
just tired of too-high volume.

OPTIMIZING THE RESULTS

You can improve on the test, if you want
to emphasize nonlinear distortions but
are not as concerned with noises or rat-
tles. Almost any modern synchronous
measurement system provides a way to
average measurements. This averaging
will tend to reinforce the repeatable part
of a response, while rejecting the time-
variant noises. Averaging is always a
good thing when acquiring the impulse
response, as it reduces noise in the sys-
tem characterization.

The acquisition of the Actual Output
(the top path in Fig. 3) can also be aver-
aged, but doing this will depend on what
you are trying to accomplish. You can use
averaging to mitigate a test environment
that is not free of ambient noise. If you
are searching for repeatable nonlinearities
then averaging is good. If you are looking
for, say, door panel rattles in a vehicle,
then averaging is probably not a good

idea, as the rattles may not be the same :

each time and would then be reduced in
the process. In such a case, a quiet test
long, to minimize the time required to
later calculate the expected LTT portion
- of the output signal. WAV files of half a

acoustic systems such as that shown in

environment is required, as noise reduc-
tion via averaging is not an option.

Observant readers will notice that for

Fig. 3, a measurement microphone is
also included. Any noises or distortions
due to the microphone will also un-

- avoidably appear in the non-LIT output

signal. Unfortunately, for high-level tests
that are usually of interest for this pro-
cess, the only option is an infusion of
sufficient money for the microphone.
Typical unmodified electret micro-
phone capsules usually will begin to

compress at higher listening levels. For
best results, I recommend a high volt-
age condenser microphone capable of :

handling high SPL levels. Of course, for -

non-acoustic tests, this is not required, as
only electrical probes are then involved.
For this technique to work well, you
need to first acquire a clean impulse
response that is indicative of the lin-
ear performance of the system being
tested under the exact same conditions
as will be used for the output acquisi-
tion. When testing acoustic systems, the
impulse response should be at least as

. long as the reverberation time of the :
ing all gains and delays, measured as
should also be measured at relatively low
input levels, to avoid compression of the

system and room. The impulse response

output signal. The best method to use
for acquiring the impulse response is
the “Log-Swept Sine” technique, which
has the ability to eliminate harmonic
distortion in the measurement’, leaving
a very pure impulse response result.

Time domain data playback {37 sec)

(=1 |5 oundMAX Digital Audio |

T x|
Miver | (Dm] ChHiCh CL R

THE PROCESS

FIGURE 4: WAV player in PRAXIS.

The

isolation (time

distortion

Frequency Doman Data

Liberty -pramis- PWTM 1 disto dfl pa2 [Specinm|

domain) process

acy A/Z372006 T 4306 PM

Iiﬂ o B millls f i automated for the
%‘ ] Liberty Instru- :
i , | ments “PRAXIS”
@ \")‘H' L ) N W systf.:m, in its “I?is—
g N i MWW tortion Iso (Time
- e W Vbt e Domain)” script.

The script guides

the user and runs

through the pro-

—&—]L5LB Z Dislo B.p Frequency Doman Data

cess as follows, per-

FIGURE 5: Distortion plots made with program material.

forming the setups

32 audioXpress 10/06

and acquisitions.

www.audioXpress.com

First, you must select the program
material to be used. It should not be too

minute or less are manageable with most
computers. The file is played through
the system in a dry run, so you can turn
up the volume to the desired levels (usu-
ally to where you think you hear some
objectionable effects) and can adjust the
input gain levels of the measurement
system (in the “Levels Form”) to opti-
mize its dynamic range. These settings
must then remain stable through the rest
of the process.

Next, you make an impulse response
measurement, preferably using some
user-configurable averaging, via a Log-
Swept Sine (“Log Chirp”) at a reduced
drive level. This impulse response should
be made immediately before the acquisi-
tion of the actual output of the system,
to reduce the possibility of changes in air
pressure, microphone position, or elec-
tronic component drift causing error in
the calculated LTT portion. It is impor-
tant that the measured impulse response
is of the system output with respect to
the internal digital signal path of the
computer measurement system, includ-

exactly as possible. The A/D converters
and D/A converters of the measure-
ment system, like the microphone, are
all part of the system being measured,
and must be included in the IR mea-
surement. In PRAXIS, a special “Chirp
(synchronous)” measurement stimulus is
provided expressly for this purpose.

The software then combines the WAV
file and the measured impulse response
data using an operation known as linear
convolution. The result of the convolu-

© tion is a sound recording that represents
has been largely what the A/D output would be if the

- program file were played through an

LTT version of the system that is being
measured.

Finally, the WAV file program mate-
rial actually is played through the sys-
tem, and the result is digitized and re-
corded by the measurement system. If
only time-invariant phenomena is being
investigated (that is, if noise or rattles
should be reduced), then this recording
can be repeated and averaged as many
times as you wish. After this, the expect-



ed signal is simply subtracted, sample by
ing the non-LIT signal.
OUTPUT FORMAT

The PRAXIS script provides this in a
format in which the left channel (chan-
nel 1) contains the LTT portion and the :

right channel (channel 2) contains the
non-LTT portion. Summing the two, of
course, gives the entire output signal as
it was recorded. You can save the data in
PRAXIS “px2” format, or export it as a
stereo WAV file.

The result files are best auditioned
using headphones. They can be played
using various media players, or you can
use the PRAXIS program (in its full or

free/demo operation) for this. You can

com/praxis_downloads.htm at no charge,
and use it to examine, further process,

the distortion isolation method.

To use PRAXIS to listen, load the

the menu “File, Open” and selecting
“Files of Type” = “wav” and browsing to
where the files are stored. After load-
ing the file (it may take a few seconds,
since the files are large), select the menu
“File, Listen” on the Primary Plot form,
and select the soundcard to use. You can
open the soundcard’s mixer to select in-

puts or adjust volume. With stereo WAV

files, there will be a series of buttons on :

the player labeled “m,”“s,” “L,” and “R.”

Before starting the playback, select
to hear both channels combined in
mono (for a distortion isolation file, this
will be the same as the actual output sig- :
nal). Select “L” to hear the L'TT portion.
Most interestingly, select “R” to hear the
distortion and noise (non-LTT) portion !

«, "

by itself. Click on the blue arrow at the
left of the form to begin playback.

SOME EXAMPLE FILES

I had a request from a potential user
in the automotive industry to generate
some distortion isolation files with a car
stereo system in a vehicle. The follow-

ing files were generated using PRAXIS

1.37¢, with Audpod and an M-Audio :
Transit card and an ACO Pacific 7012 :
microphone (with the “PS9200 Kit”). |
The vehicle was a 2005 Chrysler Town

and Country van, with a six-speaker :

. sound system. The deck in the van was
sample, from the measured signal, leav- | a JVC KD-SX980 (50W x 4). This ve-
¢ hicle was used because it had a line-level !
input on its panel. The computer was an
- older 650MHz Compaq laptop.

I used two WAV files. The first was | ting on a Saturday afternoon. The pro-
. gram material was fed in mono, simulta-
- Little Bottle” by They Might Be Giants
- from the Lincoln CD. The second was

from the cut “First We Take Manhattan”

about 30 seconds of the cut “Lie Still

from Jennifer Warnes’ Fa-
mous Blue Raincoat CD. 1 se-
lected these because of their
strong bass lines and reason-
ably clean sound.

We tried to get the cuts
to stimulate some strong
panel vibrations in the van.

FILE

. We could make the speakers
download PRAXIS from www.libinst. :
i were not apparent. The vehi-
- cle door panels were (disap-
or listen to example files produced using

sound overdriven, but buzzes

pointingly, for our tests) well

¢ behaved. During the second
- take on the Jennifer Warnes
WAV file(s) into the Primary Plot using

cut, we also leaned a tray of
silverware against a door
speaker and tested without
averaging to try to brmg out

LSLB original program.wav

LSLB DI Low Level.wav

LSLB DI High Level.wav

FWTM original program.wav

FWTM DI High Level.wav

FWTM DI Mod Level.wav

some buzzes, with slight success.
In most of these cuts, a hum is audible
in the background. This is from operat-

- ing lawn mowers in the neighborhood,
. the tests being done in a suburban set-

neously to all loudspeakers in the van.
You can download and listen to the

" files listed below via the Internet link

DESCRIPTION

“Lie Still Little Bottle,” single channel,
no processing

“Lie Still Little Bottle” distortion isolation
file, at moderate listening level, 4x averaging

“Lie Still Little Bottle” distortion isolation
file, at about 6dB higher level. Some clipping
evident on singer's voice. 4x averaging

“First We Take Manhattan,” single
channel, unprocessed

“First We Take Manhattan” distortion isolation
file, at high level, 4x averaging. Speaker
overload evident, slight buzzing.

“First We Take Manhattan” distortion isolation
file, about 3dB lower, no averaging on actual
recording. With silverware tray added to try
for extra buzzing!
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A.R.C., P.O. Box 802-A16, Carlisle, MA 01741
Phone: (978) 371-0512 — Fax: (978) 371-7129
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www.libinst.com/distortion_isolation_in_the_ :
- they were made using different program

time.htm. You can listen through PRAX-

IS, or nearly any media player. Remem-
ber that the left channel is “L'TL,” the
right channel is “non-LT1” (distortion
and noise). Also, all files have been “nor- :

malized”—that is, scaled in level to best
use the 16-bit data format, so don’t ex-
pect the “6dB higher level” to be 6dB
higher when you listen.

ANALYSIS AND COMMENTS

One oddity I noticed was that there is a :
- Thanks to Tom Alverson for his assis-
. tance in setting up and making the ex-

point early in the “LSLB DI” recordings

in which it sounds to me as though there

is a breakup or distortion. The same
sound is not evident (to me) in the orig- :

inal program file. I would have thought :

this was definitely nonlinear distortion,
but it appears in the I'IT (left) channel!
Apparently my ears aren't as good at dif-
ferentiating linear frequency-response
effects from nonlinear distortion effects.

The addition of the silverware tray

didn’t seem to make too much difference :
in the last test. It was not noticeably
rattling inside the vehicle, “live,” either,
but is mentioned in this report for com- :
February 19-22.

pleteness.

Files from these kinds of tests can
be further processed with PRAXIS to
provide more objective results. For each
of the two “DI High Level” files, I sepa-
rated the right and left channels, FF'Td
them (to find their spectrum), and then

smoothed the results with 1/12th octave :
smoothing. Then I divided the right !
(non-LTI) spectrum by the left (LTT) !
spectrum of each file to get a plot of rel-
ative “dB distortion” using program ma-
terials as stimulus. The graphs showed

lower values than I would have expected,
with noise and distortion being about
35 to 40dB down through most of the
midrange.

At lower frequencies, the curves rise
significantly, probably because those fre-

quencies are far below the cutoff of the :
loudspeakers. At higher frequencies, the
curve also rises, which could be due to !
more distortion, or because of greater
noise. This latter rise may also be be-
cause harmonics of individual tones in !
the program material will push toward :

higher frequencies.

The most surprising aspect of these
two plots is their similarities. Both
spectrum curves are overlayed in the !

PRAXIS plot (Fig. 5). Considering that

material files, the similarity is remark-

able. X

Bill Waslo heads Liberty Instruments
(libinst.com), developer of the PRAXIS

audio measurement system.
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