THE SENSATION OF SOUND IS A THING SUl GENERIS, NOT COMPARABLE W!TH
ANY OF OUR OTHER SENSATIONS, NO ONE CAN EXPRESS THE RELATION BETWEEN
A SOUND AND A COLOUR OR A SMELL. DIRECTLY OR INDIRECTLY, ALL QUESTIONS
CONNECTED WITH THIS SUBJECT MUST COME FOR DECISION TO THE EAR, AS THE
ORGAN OF HEARING; AND FROM IT THERE CAN BE NO APPEAL. BuT we AaRE NOT
THEREFORE TO INFER THAT ALL ACOUSTICAL INVESTIGATIONS ARE CONDUCTED WI!TH
THE UNASSISTED EAR. WHEN ONCE WE HAVE DISCOVERED THE PHYSICAL PHENOMENA
WHICH CONSTITUTE THE FOUNDATION OF SOUND, OUR EXPLORATIONS ARE IN GREAT
MEASURE TRANSFERRED TO ANOTHER FIELD LYING WITHIN THE DOMINION OF THE
PRINCIPLES OF MECHANICS. IMPORTANT LAWS ARE IN THIS WAY ARRIVED AT,
TO WHICH THE SENSATIONS OF THE EAR CANNOT BUT CONFORM,

Loro RayLetgH, THE THEORY OF SounD 1877

THESE WORDS WERE WRITTEN ALMOST A HUNDRED YEARS AGO, JUST BEFORE
THE DAWN OF WHAT HAS BEEN EUPHEMISTICALLY CALLED THE New PHysics, AND
AT A TIME WHEN NOTHING WAS BELIEVED COMPLETELY UNDERSTOOD UNTIL IT HAD
BEEN REDUCED TO THE LEVEL OF A MECHANISM, THIS WAS THE FIRST PARAGRAPH
IN WHAT WAS TO BECOME THE GREATEST SINGLE WORK IN ACOUSTICS, It 1s
STILL A BASIC REFERENCE.

THE MESSAGE OF RAYLEIGH®*S FIRST PARAGRAPH S VERY CLEAR, YET IT
WAS LOST ON MANY WHO WERE SO IMPRESSED BY HIS MASTERY OF MATHEMATICS
THAT THEY RELEGATED THE SENSATION OF LISTENING TO A STATION BELOW THAT
OF THE MECHANICS OF SOUND. TODAY MUCH OF AUDIO CONTINUES TO BE MECHANISM
ORIENTED N ITS THINKING. OUR BLUEPRINTS TO UNDERSTANDING THIS MECHANISM
ARE COMPOSED OF METERS, OSCILLOSCOPES, GRAPHS, MATHEMATICS, AND INFERENCES
BASED ON THE WAY PHYSICAL OBJECTS REACT. THE MECHANISTIC VIEW IS SO
DEEPLY ENGRAINED THAT THERE ARE MANY WHO NEVER QUESTION THE ACCURACY
OF THE PIECES OF THE BLUEPRINT FOR EVALUATING HOW WELL THE COMPLETE
AUDIO SYSTEM DOES ITS JOB,

AS A RESULT OF THIS, AUDIO COMPONENTS, AND OCCASIONALLY WHOLE

SYSTEMS ARE *MEASURED® THOROUGHLY AND EXHAUSTIVELY AS THOUGH THEY ARE



SIMPLE MECHANISMS, RANKING SUCH SYSTEMS FOR QUALITY THEN CONSISTS OF
ANALYZING THE MEASUREMENT DATA AND ORDERING THE RESULTS ON A NUMERIC
SCALE. ONE PERCENT DISTORTION IS THUS CONSIDERED LESS DESIRABLE THAN
A THIRD PERCENT DISTORTION, A MORE UNIFORM FREQUENCY RESPONSE 1S
CONSIDERED TO BE BETTER THAN AN IRREGULAR RESPONSE, AND SO ON.

THE PROBLEM COMES WHEN YOU GET DOWN TO LISTENING TO THESE SYSTEMS,
FOR THE NUMBERS MAY HAVE VERY LITYLE CORRELATION WITH HOW YOU MIGHT
RANK THEM BASED ON WHAT YOU HEAR.

A GREAT DEAL OF BILE AND ACRIMONY HAS BEEN GENERATED OVER THE
YEARS BY THIS FACT, WITH THE RESULT THAT MUCH OF AUD!O HAS BEEN SPLIT
INTO TWO VIEWS: THE OBJECTIVE VIEW AND THE SUBJECTIVE VIEW. THE
SUBJECTIVE VIEW MAY BEST BE-SUMMARIZED *DON®T BOTHER ME WITH MEASUREMENTS,
HOW DOES IT SOUND?¥* ; WHILE THE OBJECTIVE VIEW IS, ¥iF YOU GOLDEN EARS
HEAR SOMETHING, IT DOESN¥T CONFORM TO THE LAWS OF PHYSICS¥*,

A GREAT MANY PEOPLE IN THE AUDIO PROFESSION CHOOSE TO IGNORE THE
CONTROVERSIES WHICH SUCH DIFFERENCES OF OPINION CAN CREATE. It is
ALMOST AS IF THEY HOPE THAT BY IGNORING THE PROBLEM IT WILL GO AWAY,
BUT THE PROBLEM WILL NOT GO AWAY. IT PERSISTS,

| WOULD LIKE TO SHARE WITH YOU SOME OF THE RESULTS OF MY OWN
PERSONAL RESEARCH INTO THIS MYSTERY OF WHY OUR MEASUREMENTS DO NOT
ALWAYS AGREE WIiITH WHAT WE HEAR., THE TECHNICAL BAS1S FOR THIS MATERIAL
HAS APPEARED IN SEVERAL PAPERS IN THE JOURNAL OF THE AUDIO ENGINEERING
SocIlETY. THERE (S NO NEED TO DISCUSS TECHNICALITIES HERE. INSTEAD
| WiLL SUMMARIZE THE SALIENT POINTS WHICH ARE OF INTEREST TO THOSE WHO

SHARE THE EXPERIENCE OF LISTENING TO SOUND RATHER THAN ANALYZING IT.



WHILE A GOOD MYSTERY NOVEL CAN BE COMPROMISED BY PREMATURELY
REVEALING THE PLOT, | THINK IT MIGHT BE HELPFUL IN THIS DISCUSSION TO
TELL YOU SOME OF THE RESULTS BEFORE DESCRIBING THE ANALYSIS INTO OUR
OWN SPECIAL MYSTERY OF SOUND.

PERHAPS THE MOST IMPORTANT RESULT 1S THAT BOTH THE BUBJECTIVE
VIEW AND OBJUECTIVE VIEW ARE CORRECT, WE DO HEAR THINGS WHICH ARE
NOT NOW UNIQUELY MEASURED, ALTHOUGH OUR MEASUREMENTS ARE ACCURATE AND
WHAT WE HEAR IS CONTAINED TO SOME EXTENT IN THEM. THIS MEANS THAT
WHAY WE HEAR CAN ULTIMATELY BE RELATED TO SOME MEASUREMENT. By TakING
AN OBJECTIVE VIEW WHERE FORM HAS MORE SIGNIFICANCE THAN HAS EVER BEEN
CONS IDERED BEFORE, SEVERAL APPARENT PARADOXES OF SOUND MAY BE RECONCILED.
FOR EXAMPLE, DISTORTION IN AN AMPLIFIER IS NOT THE SAME THING AS
DISTORTION IN A LOUDSPEAKER AS WE NOW MEASURE IT, AND A GIVEN AMOUNT
OF DISTORTION IN AN AMPLIFIER WILL BE MORE OBJECTIONABLE THAN THAT
SAME AMOUNT IN A LOUDSPEAKER., AMONG OTHER THINGS THIS MEANS THAT IF
SOMEONE TELLS YOU HE CAN HEAR THE DIFFERENCE BETWEEN TWO AMPLIFIERS OR
PHONOGRAPH CARJIRIDGES WHILE LISTENING THROUGH A LOUDSPEAKER SYSTEM WITH
S PERCENT DISTORTION, YOU WOULD DO WELL TO BELIEVE HIM BECAUSE !T IS
ANALYTICALLY POSSIBLE. OTHER EQUALLY INTERESTING RESULTS DROP OUT
OF THE ANALYSIS, BUT THESE EXAMPLES SHOULD GIVE THE FLAVOR AND PERHAPS
WHEY YOUR APPETITE FOR WHAT IS TO COME.

NO ONE CAN HOPE TO UNDERTAKE ANALYSIS OF SUBJECTIVE SOUND UNLESS
HE CAN EXPLAIN WHAT IT IS HE IS ANALYZING. YOu®VE GOT TO KNOW THE
TERRITORY, SO LET ME START BY EXPLAINING WHAT SUBJECTIVE AUDIO AND

IN PARTICULAR THE LISTENING EXPERIENCE MEANS TO ME.



THE SUBJECTIVE SOUND EXPERIENCE IS AN ILLUSION — A SOUND IMAGE.

IT 1S A PERSONAL MENTAL EXPERIENCE OF REAL OR APPARENT ACOUSTIC PRESENCE.
THE PRINCIPAL WAY WE CAN COMMUNICATE THIS EXPERIENCE TO OTHERS IS THROUGH
VERBAL DESCRIPTION. THE WORDS WE USE IN THIS DESCRIPTION ARE GEN ERALLY
CHOSEN TO EVOKE COMPARABLE IMAGES OF EXPERIENCE AND DESCR!BE THE ACOUSTIC
ILLUSION IN TERMS RELATING TO KNOWN SOURCES OF SOUND.

WE FULLY RECOGNIZE, FOR EXAMPLE, THAT THE SOURCES OF SOUND IN STEREO
REPRODUCTION COME FROM TWO DISCRETE PLACES, YET WE CAN EXPERIENCE THE
ILLUSION OF PHANTOM SOUND IMAGES SPREAD OUT BETWEEN THE SPEAKERS. AND
IN A REALLY FINE REPROBUCING SYSTEM THE ILLUSKON CAN BE STARTLINGLY GOOD.

SUBJECTIVE SOUND IS A TOTAL EXPERIENCE, IN ADDITION TO THE PHYSICAL
ACOUSTIC STIMULUS WE RECEIVE FROM THE REPRODUCING SYSTEM, OUR SUBJECTIVE
JUDGEMENTS DRAW UPON OTHER FACTORS SUCH AS EMOTIONS, EXPERIENCE, PRIOR
TRAINING, AND A FUSION OF IMPRESSIONS DUE TO OTHER SENSORY STIMUL! LIKE
VISION AND TOUCH. COHESION OF REPRESENTATION FOR THE ACOUSTIC |MAGE
MAY UTILIZE PERIODS OF TIME RATHER THAN INSTANTANEOUS MOMENTS AND MAY
INVOLVE THE INTER RELATIONSHIP AMONG PARAMETERS. IN THIS wWAY IT MAY BE
SIMILAR TO THE ENJOYMENT OF MELODY AS EITHER AN APPRECIATION OF ARTICULATED
RELATIONS AMONG A SET OF COMPONENTS OR AN OVERALL MELODIC CONTOUR.,

IT IS CLEAR THAT WE ARE NOT GOING TO BE ABLE TO HOOK METERS ONTO
PEOPLE AND MEASURE SUBJECTIVE PERCEPTION, RATHER WE MUST UTILIZE
DESCRIPTIVE TERMINOLOGY WHICH RELATES TO SHARED COMMON EXPERIENCE,

By NOW IT MIGHT APPEAR THAT | HAVE PUT MYSELF OUT OF BUSINESS FOR
OBJUECTIVE MEASUREMENT OF AUDIO SYSTEMS. NOT SO, AS WE¥LL SEE IN OUR

NEXT DISCUSS!1ON,



THE ACOUSTIC IMAGE OF SUBJECTIVE SOUND IS A VERY REAL THING TO EACH
OF USe AS A MATTER OF FACT WE CANNOT DISTINGUISH THE DIFFERENCE
BETWEEN AN APPARENT SOUND AND SOME ACTUAL SOUND CAPABLE OF GIVING RISE

TO THE SAME SUBJECTIVE IMPRESSIONS, THe HoLy GRAIL OF AUDIO IS
REPRODUCTION WHICH CAUSES AN IDENTICAL SUBJECTIVE AFFECT AS THAT OF A
PREVIOUSLY ESTABLISHED ACTUAL SOUND.

SUPPOSE TH;N THAT | POSTULATE AN EQUIVALENT ACTUAL SOUND WHICH
PRODUCES THE SAME SUBJECTIVE IMAGE AS THAT WHICH WE EXPERIENCE. THis
ACTUAL SOUND DOES NOT EXIST, BUT IF IT DID, AND YOU HEARD IT, THE
SUBJECTIVE IMAGE WOULD BE IDENTICAL TO THAT YOU EXPERIENCE FOR THE
SUBJECTIVE SOUND WE WANT TO MEASURE,

THAT 1S A PRETTY WILD CONCEPT BUT THAT EQUIVALENT ACTUAL SOUND IS
SOMETHING WHICH CAN BE MEASURED AND DESCRIBED. | HAVE NO PLANS AT
ALL TO MEASURE THIS *THING¥, ALL | WANT TO DO 1S ESTABLISH THAT THERE
IS SOME MATHEMATICAL MODEL WHICH CAN STAND FOR THE SUBJECTIVE IMAGE, AT
LEAST IN PART,

IN THE AuD!1O ENGINEERING SOCIETY JOURNAL | TOOK A MORE FORMAL
APPROACH TO GET TO THIS POINT, | PRESUMED THAT IF TWO OR MORE PEOPLE
CAN DESCRIBE THE SAME SUBJECTIVE EXPERIENCE IN WORDS WHICH BOTH CAN
RECOGNIZE, THEN WHAT THEY DESCRIBE EXISTS, NO MATTER WHETHER IT SHOWS
IN OUR MEASUREMENTS OR NOT. THAT TAKES MORE THAN A LITTLE NERVE
BECAUSE IT APPARENTLY SAYS OUR MATHEMATICS IS WRONG. | THEN ASKED
WHAT WORDS WE USE TO DESCRIBE THE SUBJECYIVE EXPERIENCE. AF TER
SIFTING THROUGH A FAIR NUMBER OF TERMS |IT BECAME EVIDENT THAT THERE
WAS A COMMONALITY OF A SPECIAL SORT. FIRST OF ALL WE DESCRIBE THINGS

IN TERMS OF A NUMBER OF DIMENSIONS, THERE ARE A NUMBER OF COORDINATES
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OF REPRESENTATION WHICH WE USE. FOR EXAMPLE, THE DIRECTION FROM WHICH
A SOUND APPEARS TO COME MUST BE INDEPENDENTLY SPECIFIED AS WELL AS ITS
INTENSITY AND TONAL PROPERTIES, THE FACT THAT AN OBOE 1S PLAYING A IN
NO WAY IDENTIFIES ITS APPARENT POSITION IN SPACE OR HOW LOUD IT IS PLAYING.

THAT*S PRETTY OBVIOUS,. BUuT THE THING THAT HITS YOU RIGHT BETWEEN
THE EYES IS THAT MOST OF OUR AUDIO MEASUREMENTS ARE ONE DIMENSIONAL.
| WiLL GET BACK TO THIS LATER, BUT THIS IS WHY WE SEEM TO BE ABLE TO
HEAR THINGS WHICH ARE NOT MEASURED.

HAVING ESTABLISHED THAT THE SOUND EXPERIENCE IS DESCRIBABLE AND
MULT =D IMENSIONAL, THE QUESTION REMAINS, IS THERE SOME WAY OF
MATHEMATICALLY HANDLING THIS EXPERIENCE?  THE ANSWER 1S, YES, BUT IT
1S NOT THE MATHEMATICS WHICH WE HAVE USED ON AUDIO PROBLEMS FOR LO
THESE MANY YEARS, THE TYPE OF ANALYSIS WE MUST NOW CONSIDER IS A
BRANCH OF TOPOLOGY. WE MUST THINK OF A GEOMETRY OF SOUND WHERE FORM
HAS A MORE VITAL MEANING.

Now wHEN | SAY GEOMETRY | DON%T MEAN SIMPLY SPATIAL CONF IGURATION,
| MEAN A GENERAL GEOMETRY INVOLVING EVERYTHING WE NEED TO DESCRIBE THE
ACOUSTIC IMAGE. THIS INCLUDES THE TONAL, SPATIAL, TEMPORAL, AND
INTENSITY PROPERTIES., THE WHERE, WHEN, AND HOW OF THE SOUND ILLUSION,

THE REASON FOR WANTING A MATHEMATICAL MODEL FOR THE SOUND IMAGE
IS THAT WE CAN OBJUECTIVELY HANDLE SUCH A MODEL. AND |QUITE POSSIBLY
WE CAN HOPE TO MEASURE SOME OF ITS PROPERTIES,. SO LET*S TAKE A BIG
JUMP AND REPLACE THE MENTAL ILLUSION OF SUBJECTIVE SOUND WITH THIS
HYPOTHETICAL GEOMETRICAL MODEL.

IN RAYLEIGH¥*S TIME THE ONLY HOPE OF UNDERSTANDING SOMETHING WAS

TO REDUCE IT TO A MECHANICAL MODEL. THAT 1S WHAY RAYLEIGH MEANT IN

o



HIS OPENING PARAGRAPH, THis wAS THE GOLDEN ROAD TO UNDERSTANDING.
AROUND THE TURN OF THE CENTURY A SMOLDERING MOUNTAIN OF THINGS=THAT=-
DID=~NOT=QUITE~FtT EXPLODED INTO A VOLCANO THAT SHOWERED DOWN ON THE
DOMAIN OF MECHANICS, THE DETAILS ARE WELL KNOWN, BUT MUCH OF THE
GOLDEN ROAD LAY BURIED, NEVER TO BE SEEN AGAIN.

THE REASON | MENTION THIS IS NOT THAT ACOUSTICS WAS AFFECTED, BUT
THAT A MORE LIBERAL VIEW OF ANALYSIS EMERGED THAN COULD HAVE BEEN
ANTICIPATED BY RAYLEIGH. NO LONGER COULD AN ANALYSIS BE CONSI|DERED
UNACCEPTABLE IF IT SEEMED WEIRD AND YOU COULDN¥*T TIE IT TO A MECHANICAL
MODEL. THE ONLY TEST AN ANALYSIS HAS TO PASS IS WHETHER OR NOT IT IS
FORMALLY ACCEPTABLE MATHEMATICALLY AND IF WHAT [T PREDICTS ACTUALLY
CAN BE OBSERVED TO HAPPEN,

WITHOUT CONSIDERING THE ONTOLOGICAL SIGNIFICANC E, ONCE WE HAVE
IDENTIF IED THE MATHEMATICAL MODEL WITH THE EXPERIENCE, WE CAN LIKEWISE
TAKE ANY MATHEMATICAL TRANSFORMATION OF THE MODEL AND TIE IT BACK TO
THE EXPERIENCE,

THiS MEANS THAT THE ELECTRICAL VOLTAGES GOING TO THE SPEAKER
TERMINALS MAY MATHEMATICALLY BE CONSIDERED TO ACTUALLY BE THE ACOUSTIC
IMAGE . IT JUST HAPPENS TO BE TRANSFORMED TO A DIFFERENT SET OF COORDINATES,
THE SPIRAL GROOVE ON THE RECORD 1S ALSO THE ACOUSTIC IMAGE, AS IS THE
MOTION OF THE STYLUS ON THE PLAYBACK CARTRIDGE.

ALL OF THIS MIGHT SEEM SO DARN ABSTRACT THAT IT INTRUDES ON OUR
MEANING OF THE SOUND |MAGE, ACTUALLY THIS IS THE UNSPOKEN PHILOSOPHY
BEHIND THE MEASUREMENTS WE NOW MAKE ON AUDIO SYSTEMS. WHEN WE VIEW
THE OUTPUT OF AN AMPLIFIER ON AN OSCILLOSCOPE WE REALIZE THAT THE

COMPL ICGATED BEHAVIOR ON THE SCREEN SOMEHOW REPRESENTS THE SOUND WE HEAR,
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IN THAT CASE THE ONLY THING WE CAN SEE IS AN INDICATION OF A VOLTAGE
CHANGING WITH TIME, WE ARE LIKE AN OBSERVER BY THE SIDE OF A RAILROAD
TRACK WATCHING A SWIFTLY MOVING TRAIN PASSING US ON THE WAY TO THE
LOUDSPEAKER TERMINAL. OUR PERSPECTIVE IS ONE DIMENS!IONAL BECAUSE THAT
IS THE ONLY VIEW ALLOWED TO US OF THE SOUND IMAGE AT THAT POINT AND WITH
THAT PIECE OF EQUIPMENT.

ONCE WE VOICE OUR PHYLOSOPHY AND IDENTIFY WHAT WE ARE DOING, IT
IS POSSIBLE TO BRING TO BEAR FANTASTICALLY MORE POWERFUL TOOLS OF
ANALYSIS THAN WE COULD HAVE HOPED TO ACHIEVE BY JUST THINKING ABOUT
THE RELATIONSHIP AMONG THINGS, THE SUBJECTIVE VIEW STOPS WHEN IT
GETS TO THE WORD DESCRIPTIONS, THEIRS 1S NOT THE PROVINCE OF MATHEMATICS.
- ON THE OTHER HAND, THE TRADITIONAL OBJECTIVE VIEW IS CONSIDERED COMPLETE
WHEN THE MATHEMATICALLY PROPER DESCRIPTION OF A GIVEN PART OF THE AUDIO
SYSTEM HAS BEEN ACHIEVED. WORDS ARE NOT CONSIDERED PART OF THE
MATHEMATICS,. SINE WE ARE TRYING TO ESTABLISH A LINK BETWEEN THE
TWO VIEWS, WE MUST GO BEYOND THE BORDERS OF EACH AND INTO A NO MAN¥*S

LAND. NEXT UP IS A LOOK AT THIS NO MAN¥S LAND.

BN



SO FAR IN THIS ANALYSIS | APPEAR TO HAVE LEFT A BIG LOOSE END
FLYING. | STARTED FROM THE SUBJECTIVE VIEW AND MOVED OVER TO THE
OBJECTIVE VIEW BY INTRODUCING TOPOLOGY, WHAT ABOUT ALL THAT SWELL
MATHEMATICS OF FOURIER TRANSFORMS AND SUCH THAT THE OBJECTIVE PERSON
CONSIDERS DE RIGUEUR. DOES IT GO DOWN THE DRAIN?  THE ANSWER IS NO.
WHEN YOU LOOK VERY CAREFULLY YOU FIND THAT THE TIME DOMAIN AND FREQUENCY
DOMAIN METHODS ARE ABSOLUTELY CORRECT BUT ARE ACTUALLY PART OF THE
TOPOLOGY WE HAD TO INTRODUCE. RATHER THAN BEING THE ONLY POSSIBLE
WAYS OF DESCRIBING A SYSTEM, THE TIME AND FREQUENCY DOMAIN EXPRESS!ONS
ARE SIMPLY TWO OUT OF AN INFINIYE NUMBER OF WAYS, IF AN ENGL ISHMAN
AND A GERMAN WERE THE ONLY PERSONS WHO EVER CARRIED ON A CONVERSATION
THEY COULD EASILY BE CONVINCED THAT NO OTHER LANGUAGE WERE POSSIBLE.
IMAGINE THEIR SURPRISE WHEN THEY ARE USHERED INTO THE UNITED NATIONS.

| HAD STATED EARLIER THAT THE FACT THE SOUND IMAGE IS ONE DIMENSIONAL
IN THE WAY MOST PEOPLE MEASURE 1T, AND MULTI~DIMENS|ONAL WHEN WE PERCEIVE
1T, IS PIVOTAL TO EXPLAINING WHY OUR MEASUREMENTS SELDOM CORRELATE WITH
WHAT WE HEAR, IN ORDER TO ILLUSTRATE WHAT | AM SAYING, LET ME USE AN
ANALOGY IN THE FORM OF A *THOUGHT¥ EXPERIMENT., MATHEMATICALLY IT IS
POSSIBLE TO TAKE A TWO DIMENSIONAL OBJECT, LIKE A PAINTING, AND CLEVERLY
TRANSFORM IT INTO A ONE DIMENSIONAL FORM, SuPPOSE | HAD FOUND A WAY TO
CODE THE MONA LiISA AND HAVE IT PRESENTED ON A STRING. | T*#s ALL THERE,
AND YOU CAN TRANSFORM THIS STRING BACK INTO THE ORIGINAL PAINTING WITH
ABSOLUTELY NO LOSS OF DETAIL.

| HAND YOU THIS STRING WHICH | STATE IS THE Mona Lisa. BEFORE YoOUu

CAN REACT, | HAND YOU ANOTHER STRING WHICH | SAY 1S GAINSBOROUGH#*S BLUE



BOY AND ASK YOUR OPINION ON THE GENIUS OF DA ViNci VERSUS GAINSBOROUGH
AND WHICH WAS A BETTER MASTER OF COLOR AND DETAIL.

As FAR AS YOU ARE CONCERNED THESE ARE NOTHING MORE THKN TWO WEIRD
LOOKING PIECES OF STRING. EVEN IF YOU ACCEPT ON FACE VALUE THAT |
WASN¥T A CANDIDATE FOR THE FUNNY FARM, YOU COULDN*T POSSIBLY EVEN
IDENTIFY WHAT THESE WERE, LET ALONE PASS JUDGEMENT ON NUANCES OF DETAIL.
ALL THE INFORMATION IS THERE, BUT IT 1S NOT IN A FORM YOU CAN RECOGNIZE.
IT 1SN*T UNTIL | TRANSFORM THESE ONE DIMENSIONAL STRINGS INTO TwO
DIMENS I ONAL PAINTINGS THAT YOU SUDDENLY IDENTIFY WHAT THEY ARE.

IF | DION¥*T STOP BUT CONTINUED TO TRANSFORM THIS TWO DIMENSIONAL
FORM WHICH YOU RECOGNIZE INTO A THREE DIMENSIONAL BLOB, YOU WOULD AGAIN
FIND IT MEANINGLESS, THE ONLY THING THAT MAKES SENSE AS A PAINTING IS
AN OBJECT WITH THE PROPER NUMBER OF DIMENS|IONS.

Ok, NOow SuPPOSE | HAND YOU A PLOT OF THE ACOUSTIC IMPULSE RESPONSE
oF CARNEGIE HALL FROM STAGE CENTER TO SOME SELECTED SEAT AND ASK YOU TO
LOOK AT IT. | THEN HAND YOU A PLOT OF THE IMPULSE RESPONSE TAKEN IN
LincoLN CENTER AND ASK YOU WHICH HALL HAS BETTER ACOUSTICS FOR A VOCALIST
STANDING AT THAT SPOT ON EACH STAGE. | DON¥T THINK YOU COULD TELL ME.
| COULD HAVE USED THE STEADY STATE FREQUENCY RESPONSE RATHER THAN THE
IMPULSE RESPONSE, BUT THE RESULTS WOULD BE THE SAME BECAUSE THIS IS
ONE DIMENSIONAL DATA. IT 1S SOUND PRESSURE AS A FUNCTION OF POSITION
ON THE TIME AXIS (OR ON THE FREQUENCY AX1S) OF THE PIECE OF PAPER.

IT 1s CARNEGIE HALL PRESENTED TO YOU ON A STRING AND, JUST AS IN THE
CASE OF THE MoNA LiSA, DOESN®T HAVE ANY MEANING TO YOU EVEN THOUGH ALL

THE DATA IS THERE.



| USE THE ANALOGY OF THE TWO DUMENSIONAL PAINTING OF THE MonAa Lisa
TRANSFORMED TO A ONE DIMENS!IONAL STRING BECAUSE IT IS SO ABSURD YOU*LL
REMEMBER 1T. HOWEVER, THE CONCEPT OF TOPOLOGICAL TRANSFORMATION WHICH
| AM TRYING TO GET ACROSS IS VERY REAL. A HOLOGRAM IS A SPECIAL THREE
DIMENSIONAL TO TwO DIMENS IONAL MAP WHICH IS GIBBERISH TO YOU UNTIL AN
INVERSE MAPPING IS PERFORMED BY COHERENT ILLUMINATION. ONLY THEN WILL
YOU BE ABLE TO SEE A THREE DIMENSIONAL IMAGE OF A SCENE, IN JUST THE
SAME WAY A MICROPHONE IS A MAP FROM A MULTI=DIMENS|ONAL SOUND FIELD TO
A ONE DIMENSIONAL SIGNAL. AND JUST LIKE A HOLOGRAPH, THE MICROPHONE
SIGNAL DOESN¥T MEAN A THING TO YOUR SENSES UNTIL YOU TRANSFORM |T BACK
INTO A MULTI=DIMENSIONAL SOUND EXPERIENCE, IN ORDER TO ILLUSTRATE
SOME OF THE POINTS BROUGHT OUT BY THE TYPE OF ANALYSIS | AM DESCRIBING
| WiLL CONTINUE WITH THE PAINTING ON A STRING ANALOGY, THis 1S A
PRETTY USEFUL MODEL AND BESIDES, | CAN¥T THINR OF ANY ANALOGOUS FIVE
DIMENSIONAL THING WHICH | wOULD NEED IN ORDER TO BE COMPLETELY
ACCURATE ABOUT SOUND.

IF | cuT OUT SMALL PLECES OF THE STRING AND SPLICE T TOGETHER, IT
TEMPTING TO SAY THAT NOT MUCH WAS DONE TO THE MoNA Lisa. ActuaLLy, You
MIGHT BE HORRIFIED WITH THE RESULTS. BOTH THE ENIGMATIC SMILE AND THE
BACKGROUND SCENE WHICH APPEAR [N DISTINCTLY DIFFERENT PLACES ON THE
PAINTING NOW SHARE THESE SAME PIECES OF STRING WHICH | HAVE SNIPPED OUT.
THE RESULTANT DISTORTED PAINTING MAY HAVE A DISEMBODIED SMILE HANGING
IN AIR LIKE ArLice*s CHEsSHIRE CaAT, THEN AGAIN ALL THAT MAY HAPPEN IS A
BLURRING OF DETAIL, YET ALL | DID WAS CHANGE ONLY SMALL DETAILS ON

THE STRING,



SHIFT THE SCENE NOW TO A ¥ONE DIMENS|ONAL* AMPLIFIER. IF | HAVE A
SLEW RATE PROBLEM SO THAT FOR BRIEF MOMENTS IN TIME THE SIGNAL IS
*SNIPPED OUT¥, IT MAY NOT LOOK LIKE MUCH OF A CHANGE IN WAVEFORM. AcTuaLLy,
THE VOCALIST AND CLARINET IN OUR SOUND |MAGE SHARE THESE SAME PIECES OF
TIME IN THE AMPLIFIER, THE RESULTANT DISTORTED SOUND MAY HAVE THE
VOCAL IST SMEARED TOWARD THE POSITION OF THE CLARINET BECAUSE OF THIS
PROBLEM. THEN AGAIN THE EFFECT MAY BE SOMETHING SO SUBTEE YOU DON¥T
NOTICE 1T, DEPENDENT UPON WHAT KIND AND HOW MUCH DISTORTION THERE IS.

OR FOR ANOTHER ANALOGY SUPPOSE | TAKE EVERY PLACE ON THE STRING WHERE
| SEE THE COLOR RED AND | CHANGE THE SATURATION. RED ON THE STRING
DOESN¥T NECESSARILY MEAN RED IN THE PAINTING. THE STRING NOW LOOKS
GROSSLY DIFFERENT, YET WE HAVE TO LOOK HARD AT THE PAINTING TO NOYICE
THAT ALL WE DID WAS ALTER THE OVERALL BALANCE IN A WAY INDISTINGUISHABLE
FROM A SMALL CHANGE [N THE AMOUNT OF LIGHT FALLING ON THE PAINTING,
SHIFTING NOW TO OUR AMPLIFIER, A SUBSTANTIAL AMOUNT OF PURE THIRD HARMONIC
DISTORTION DUE TO A SAG IN GAIN WITH LEVEL CAN LOOK PRETTY BAD IN THE
SPECIFICATION SHEETS, YET IT MAY HAPPEN THAT THE SOUND IMAGE 1S DISTORTED
IN A WAY SIMILAR TO A SMALL EXAGGERATION OF THE NONLINEAR DISTORTION
ALREADY IN OUR HEARING PROCESS. THE NET RESULT IS THAT IT SOUNDS CLEAN,

| COULD GO ON AND ON WITH ALL SORTS OF EXAMPLES, BUT | THINK THE
POINT SHOULD NOW BE CLEAR. YOu CANNOT ALWAYS SAY THAT A HIGH DISTORTION
IN A ONE DIMENSIONAL MEASUREMENT AUTOMATICALLY MEANS A HIGH DISTORTI ON
IN A MULTI=DIMENSIONAL SOUND IMAGE, THIS DOESN¥T MEAN THAT OUR PRESENT
HARMONIC AND INTERMODULATION TESTS ARE WRONG. BuUT IT DOES MEAN WE
MUST BE A GREAT DEAL MORE CAREFUL IN HOW WE INTERPRET THEM THAN IS NOW

OUR PRACTICE. JUST HOW CAREFUL WILL BE COVERED NEXT.
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Suppose we now take a closer loock at the meaning of distortion in our
unfolding mystery of why measurements may not correlate with what we seem
to hear. What do we mean when we say something is distorted? Does it
mean deviation from fidelity to the original? If the form of a signal
is changed by a device so that what comes out doesn't look like what
went in, isn't that distortion? Sometimes it might be, but what about
a microphone. It takes sound pressure changes and makes voltage changes
out of them. That certainly changed the form but we don't like to call a
microphone a distorter because it does what we design it to do.

That may be a little far out so let's concentrate on considering
devices such as amplifiers where the output and input are both the same
thing .which can be measured by the same type of instrument. Let's put
in a reference signal, like a sine wave,and look at the output. Suppose
the tops of the sine waves are rounded off - isn't that distortion? It
certainly is, because instead of a single sine wave output we now have a
harmonic set of sine waves. But what if the output appears to be a
perfect sine wave at the frequency of the input signal, is such an amplifier
distorticnless? Are you really sure? What if we had used one of the
newer breed of compressor amplifiers which reduces gain with avergge increase
in level but does not inject harmonic distortion in the audible range.
Program dynamics are now affected so that a given percentage increase in the
input is not propertionately reflected in the output. In professional
application they are used with care and protect recordings from excess
program dynamics. But an over adjustment can be highly distorting, yet

there is no measurable steady state distortion. This demonstrates that it
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isn't enough to measure for harmonic distortion at one signal level, wé
must measure as a function of signal level as well.

A1l right, let's take compressors out of the picture and see if a perfect
sine wave output represents a distortionless reproduction. Now the output
amplitude tracks the input amplitude. Is it finally distortionless -
especially if the gain is constant for every frequency under test? Are
you really sure? Don't place any money on it. We haven't even begun
talking about phase and time delay.

If the phase out of the amplifier is shifted by a lag of ninety
degrees for every possible frequency, it represents what is known as a
Hilbert transform of the input. Feed a square wave into the ampdifier
and the output will look simply terrible with sharp peaks where the square
wave level changes occur. If lack of fidelity between output and input
is a measure of distortion then this must be distortion.

Or, suppose the phase is well behaved for all frequencies up through
middle C in the musical scale, but has a characteristic above that pitch
value which indicates a time delay of 50 seconds. Thié "distortionless"
amplifier could now treat you to a musical spectacutar where the facile
right hand of a pianist continues to play long after the phonograph
cartridge is lifted from the record.

All right, let's knock off all the amplitude and phase variations with
level and frequency and postulate a good 0ld fashioned wire with gain. Now
at last we are distortionless. Or are we? We still haven't really
considered the final sound image. The amplifier is now distortionless -

as an amplifier - but the socund image can still be imprecise. If the



gain to the left channel is greater than it should be, the sound image will
still be distorted by being laterally shifted and warped. ar, if both
channels are adjusted for identical gain but one of them is out of phase
with respect to the other then we know the sound image will be warped.
Finally, if the amplifiers are perfect, have the same gain, and are both
in phase - what is left? Two things remain: proper level so the image

is neither too loud nor soft, and absolute phase, so that explosive

sounds are represented by overpressure rather than underpressure.

My purpcse in pursuing this line of reasoning is to demonstrate that
when it comes to subjective sound the only distortion that has any meaning
is deformation of the final sound image. When we force ourselves to
consider a geometry of sound where form has significance, we must chase
the signal through all of its varieus manifestations until it emerges
as something related to the illusion of sonic pressnce.

I'11 admit this forces us to tear ourselves away from a well engrained
habit of detailing the performance of pieces of the audio system. But
stop and think for a moment. Isn't the final sound illusion what we
are really trying to improve in audio. When we start to think about
the subjective affect of distortion we must always relate our measurements
to the final sound image. In order to do this we must break some very
0ld habits of analysis - we must look at the whole system rather than
pieces of the system.

Having introduces the concept of a geometry of sound let us now
make some use of the analytical tools which this gives us. The sound

image can have a number of dimensions, dependent upon where in the audio
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system we choose to analyze that image. If the image is one dimensional

as we may look at it on an oscilloscope coming out of an amplifier, and five,
or more, dimensional as we perceive it as an illusion, then what happens
when distortion is introduced? The answer is simple. The affect of
distortion in one level of dimensionality is to redistribute the
representation among coordinates in another level of dimensionality.

Remember the stiing analogy? A simple change in a one dimensional
form can cause a cross coupling of representation among coordinates in a
higher dimensicnality. In order to give this a name let's call it
representation distortion.

As an example of this, the conceptual position in space occupied by
an oboe during the peproduction of a symphony doesn't depend upon what
notes are being played, when they occur, or how loud the instrument is
played. We alsc come to expect that the space and tonal properties of
that oboe should not change simply because other instruments are playing.
Each instrument has its own special representation in our sound image.

Whet happened when that sound image existed as two separate voltages
in our stereo amplifier? If either channel of the amplifier can warp
the final sound image, then we have distortion. If in particular the
instantaneous values of those voltages is dependent upon the complexity
of what is happening at that moment (and for times around that moment)
then the coordinates of representation of the final sound image will
become tangled up with each other to some extent.

The oboe with independent space, time, tonal, and loudness representation

will share the same amplifier channel with the entire string section.



As the strings play, the oboe will be influenced because of amplifier
non linearities. The result is representation distortion where the
oboe in the subjective sound image is smeared.

It isn*t necessary for two or more instruments to be playing in
order for crossmoduletion of coordinate energy to occur. The oboe will,
all by itself, have representation distertion if a non linearity exists
in the audio chain. The very first multidimensional representation
distortion which was identified as caused by ocne dimensional non uniformity
is time-delay distortion. Next up on the agenda is a discussion of

time-delay distorticn.
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What is pitch? Boy, now there is quite a question. One gets

instantly tangled up in psychoacoustics trying to answer such a query.

But suppose I ask how one may begin to measure some physical property of

a signal which would be agreed upon as representing pitch. What then
would we measure? The answer seems to pop out that we should measure the
frequency of a signal which represents a tone. Rut is that mathematically
correct?

Let's get technical for a moment. The thing that is mathematically
identified as frequency is a coordinate in one of the two one-dimensional
representations we employ for signals. The other possible representation
uses time as its coordinate. The representation of a signal as a function
of frequency is obtained from the time representation by a Fourier transformation.
This is a mapping from the time domain to the frequency domain, and
conversely. If you follow the rule in going from a time representation
to a frequency representation, one of the things you must do is integrate
from minus infinity to plus infinity in time.

This never bothers a mathematician, but if you stop and think about
it, if by "time" you mean that thing which is measured by the wall clock,
then all eternity has to transpire before you mathematieally can talk
about frequency. You are forbidden to talk about "time" and "frequency"
in the same description.

This means that a glissando can never be described as a tone which
glides through frequency with time. You cannot, strictly speaking, state
that a tone has any frequency value at any particular time. This is a very
strange thing - especially to someone who loves music. Try to write a

musical score under these groundrules and see how far you get. A great
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deal of nimble toe dancing has been done over the years in trying to
reconcile what we hear with the concept of frequency. And these usually
boil down to mysterious ex cathedra pronouncements involving uncertainty
principles and non commuting operators.

Let's knock off all that stuff and look at things from the standpoint
of a geometry of representation. The frequency representation, from the
standpoint of the dimensions of the coordinates used, is one-dimensional.
You can sketch out representations on a frequency line, or a complex frequency
plane, or a frequency cube, if you wish, but you still have coordinates
dimensioned as Hertz.

Once you identify the coordinate called frequency, you can shoose to
use another equally accurate one-dimensional representation. You can,
in the parlance of topology, map a frequency description into a time
description. It is no accident that the proper dimensionality of Hertz
is reciprocal seconds (which is what we used to call it), because the
other possible description is seconds.

Pretty abstract. But where in all of this is pitch? Suppose I now
say that you can map either of these one-dimensional representations into a
two-dimensional form. Remember our Mona Lisa? Now what do we have?

If you play the mathematical game properly you have one coordinate of this
two-dimensional representation which has the dimensionality of reciprocal
seconds. The other coordinate has the dimensionality of seconds.

Ah Ha! Now, we have something which involves both seconds and reciprocal
seconds in the same description. We have a two-dimensional Mona Lisa

which we got from a one-dimensional string.

=



Now things are getting interesting, because if we take a signal which
we can agree fits all our subjective ideas of a pure pitch tonal, and ask
where it falls in the two-dimensional representation, it comes as the
coordinate which is dimensioned in reciprocal seconds. What, then, is
the subjective equivalent of that other coordinate which is dimensioned
in seconds? It turns out to be time delay - or as some of us conceive it,
relative time.

Let's pursue this a little further. What do we really mean subjectively
when we think of "time"? Don't we really mean relative time. If not,
then where is zero time on an absolute scalef Is it the birth of Christ,
..or last Tuesday, .. or tomorrow morning?

I must unfortunately inject some of my own philosophy here, so please
bear with me. Object if you will, but hear me out. We choose a
mathematical model for describing things which best fits our observations.
Time, or really relative time, has a strong human identification. We have
a mathematical model which seems to fit, so we use it and say it is the
time functional. Once we do that we inherit the alternate model which is
a frequency functicnal. We get so hung up on the mathematical model that
we sometimes refuse to let go of it even when common sense says it doesn't
fit everything. One of the most difficult lessons to learn is when to
grab for the brass ring - and when to let go. One time to let go is when
you realize frequency is not what we subjective perceive as pitch when
at t he same time we have such a strong association with "time's arrow".

Enough philosophy. Let's look at what we now have in this mystery

of subjective and objective audio. A network transfer function is a



cause and effect relationship between what we identify as an input and
what we identify as an output. The transfer function of any device,
whether it is an amplifier, a phonograph cartridge, or a'loudspeaker, can
now be expressed in three possible ways - based on what we have Just found.
We can express it as a frequency response, or as an impulse response, or as
a joint pitch-delay response.
When we put a signal into a device (it could be a Brahms Symphony
into a loudspeaker) what emerges can be analyzed in any of these three
WAYS. It can be analyzed as a steady state frequency spectrum which
includes everything from the opening bassage through the finale. Ve
assume nothing happened prior to the symphony and eternity stops with the
last note when we do that. Or we can analyze the complex (yes, complex,
dot just real) instantaneous values perceived. Or we can analyze the
signal in terms of the relative arrival times as a function of tonal pitch.
The measure of how perfect the device does its job is made by comparing
the output against the input. The frequency response and impulse response
of a device are the 0ld standards we have come to know and love. But
what is the nature of the pitch-delay response? It turns out that a non-
perfect network does something strange to a signal when you analyze its
pitch-delay behavior. # perfect signal going in will emerge as a multiplicity
of signals, each one of which has its own delay as a function of pitch and
with its own intensity. Many instead of one. A perfect signal is dispersed
in time delay as a function of its pitch. Instead of a signal emerging
at t he proper time, many equivalent signals emerge with varying time delays.

That is why this is called time-delay distortion.




Time~delay distortion was first predicted mathematically and given a
name in 1968. Once one knew what to look for, it was immediately perceived
and measured. It is now officially recognized as one of the perceivable
veiling distortions in reproduction, although the true topological nature
of this distortion was not identified in technical literature until 1973.

Time-delay distortion is one type of representational distortion, which
we discussed earlier. What is happening is that a distortion in frequency
response causes the emergent signal to have a cross coupling of signal
energy inthe dimensions of pitch and relative time. The signal is smeared
in the time of arrival of pitch components.

CLICK! Another piece of the mystery is falling into place. The

sound image we perceive has pitch and relative time as two of its independent

coordinates. When a device distorts the sound image, we now see that one
effect is a time smear of pitech components. Time—delay distortion. Ir
you imagine that the sound image is blurred for certain tones, you are
correct. Do we measure that when we test the audio components? The
answer is yes, but we may not be able to recognize what it means when we
see it as a frequency response or an impulse response.distortion. The
information is there, but we have to recast it into a form recognizable
as an ultimate time-delay distortion. Just as in the case of the Mona Lisa
it didn't mean much on a string. But express it as a two dimensional
object and it suddenly makes subjective sense.

The simple step of mapping from a one-dimensional to a two-dimensional
representation thus begins clearing up some aspects of the mystery of audio.

The analytical details of this map and its representation on what is called

&
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a Delay Plane is a bit too technical to go into here. But some of the
predicted results are significant enough to be worth considering.

For example, a particular type of network known as én all-pass can
make mince meat out of a square wave signal. If you are a firm believer

that a good square wave response is a sine qua non of fidelity, then such

a device would be instantly cast away as unlistenable. The poor square
wave starts out with a great rise time, but goes all over the place in a
most unmannered way thereafter. The frequency response looks great - in
amplitude- but the phase is anything but linear. The problem is that if
you place such a network in the audio chain, its affect may be virtually
inaudible. How come? One answer is afforded by the pitch-delay
representation. VWhat is happening is that there is a single value of
time delay for each pitch component. Rather than being smeared into a
multiplicity of images, the final sound image is distended in the delay
of pitch components analogous to the view seen through a fun house mirror.
Articulation and clarity are not significantly modified, but the time delay
relationships among pitch components is altered in a smooth manner.

A rather polite all-pass network will in fact have a delay alteration
much less than that due tc many other members of the audio chain - particularly
the loudspesker. Yet a square wave response can look terrible. This
doesn't mean that such a distortion is inaudible. Not by a long shot.

t perhaps it can best be described as benign, since the magnitude of the

energy stays constant in the dimension of pitch.

Now, let's take a little magnetic tape print-through. You've heard the



effect where a loud chord is heralded in a soft passage by increasingly
louder ghost chords which occur once for every revolution of the tape reel.
It can destroy the appreciation of a good performance, yet the signal
level may be so low as to be in the moise of most measuring instruments.
Not so in the delay plane where the network representation is now a series
of delayed outputs. It looks about as bad in this representation as it
sounds.

These are by no means the only manifestations of time-delay distortion,

as we will discover next.



WE HAVE SEEN FROM PREVIOUS DISCUSSIONS THAT THE WAY WE MEASURE
AUDIO COMPONENTS MAY BE PERFECTLY CORRECT BUT NOT HAVE MUCH IDENTIFICATION
WITH HUMAN SUBJECTIVE CONCEPTS. THIS ARISES BECAUSE THE PARAMETERS OF
MEASUREMENT ARE NOT THOSE OF PERCEPTION, WE HEAR A MULTI=DIMENSI| ONAL
EXPERIENCE. BuT WE MEASURE AT THE PLACES WHERE THIS MULTIPLE DIMENSI|ONED
SOUND IMAGE HAS BEEN TRANSFORMED INTO A ONE=DIMENSIONAL SIGNAL. WE
MEASURE THE STRING, BUT ENJOY THE PAINTING.

THE FIRST STEP IN BRINGING MEASUREMENTY AND LISTENING TOGETHER IS
TO LEARN HOW TO UNDERSTAND SOME OF OUR ONE=D!MENSIONAL MEASUREMENTS IN
TERMS OF A TWO=DIMENS!|ONAL REPRESENTATION. FROM THIS WE CAN BEGIN TO
UNDERSTAND HOW TO EXPAND INTO SOMETHING LIKE THE MULTIPLE DIMENS!ONS
OF LISTENING.

LET(S TAKE A MEASURED COMPONENT (N THE AUDIO CHAIN AND SEE HOW TO
APPROACH IT AS A TWO=DIMENSIONAL MODIFICATION OF THE SOUND IMAGE. A
CONVENT| ONAL ONE~DIMENS | ONAL MEASUREMENT IS STEADY STATE FREQUENCY RESPONSE.
THE OTHER ONE=DIMENS|ONAL MEASUREMENT IS THAT OF IMPULSE RESPONSE. T
MIGHT COME AS A SHOCK TO MANY CIRCUIT ANALYSTS, BUT BOTH FREQUENCY RESPONSE
AND IMPULSE RESPONSE SHOULD BE TREATED AS A COMPLEX QUANTITY, EITHER AS
TWO CONJUGATE COMPONENTS OR AS AN EXPONENTIAL FORM HAVING A MAGNITUDE
AND A PHASE, THERE APPEARS TO BE SOMETHING WITHIN US WHICH REBELS
AT A COMPLEX TIME REPRESENTATION, HOWEVER SINCE FREQUENCY HAS SUCH POOR
HUMAN IDENTIFICATION WE WILLINGLY SHOVE OUR WORRIES UNDER THE RUG BY
ACCEPTING A COMPLEX FREQUENCY RESPONSE, WHEN YOU REALLY GET DOWN TO
MEASURING FOR THE AUDIO IMAGE IT IS NECESSARY TO LIFT THE RUG. THERE
1S NOTHING MAGIC, THE COMPLEX REPRESENTATION 1S NOTHING MORE THAN A

RECOGNITION OF THE DETAILS OF ENERGY DENSITY PARTITIONING,.



WiTH THAT OUT OF THE WAY, LET'S LOOK AT WHAT AN IMPERFECT FREQUENCY
RESPONSE CAN DO TO THE SOUND IMAGE. WE MEASURE FREQUENCY RESPONSE BY
APPLYING A SINE WAVE TO A NETWORK AND COMPARING WHAT COMES OUT AGAINST
WHAT WE PUT IN., STRICTLY SPEAKING, THE SINE WAVE MUST LAST FOR ALL
ETERNITY, BUT FEW OF US CAN AFFORD TO WAIT THAT LONG. SO0 WE MEASURE
FOR A PERIOD OF TIME LONG ENOUGH FOR ''sSTeapY STATE' CONDITIONS, WHICH
MEANS ALL THE NASTY TURN=ON TRANSIENTS WHICH RESULTED FROM APPLYING THE
TEST SIGNAL HAVE DISSIPATED THEMSELVES TO A LEVEL BELOW OUR MEASURI NG
CAPABILITY, RIGHT THERE 1S ONE CLUE IN OUR AUDIO MYSTERY, BECAUSE
MUCH OF OUR MUSIC COULD ALSO BE CONSIDERED TRANSIENTS. BUT WE MEASURE
FOR STEADY STATE RESPONSE BECAQSE, BEING ONE=~DIMENS |ONAL, WE CANNOT
CONSIDER TIME IN THE MEASUREMENT.

HAVE WE THROWN AWAY ANY HOPE OF RECONSTRUCTING THE BEHAVIOR FOR
MUSIC BECAUSE ALL WE CAN DESCRIBE 1S RESPONSE VERSUS FREQUENCY? Not
AT ALL. BuTiYOU MUST RECORD BOTH THE AMPLITUDE AND THE PHASE OF THE
OUTPUT SINE WAVE IN ORDER TO STATE WHAT HAPPENS UNIQUELY.

Now LET'S LOOK AT THE SAME NETWORK IN TERMS OF [|TS TwO=DIMENSI|ONAL
REPRESENTATION OF PITCH AND DELAY, SUPPOSE THE NETWORK WE ARE TESTING
IS SEALED IN A BLACK BOX SO NEITHER OF US CAN SEE WHAT IS INSIDE. ALc
WE KNOW IS THAT THE BOX HAS AN INPUT AND AN OUTPUT, WE MEASURE 1T AND
DETERMINE |ITS FREQUENCY RESPONSE, SUDDENLY, IN A PUFF OF SMOKE, A
GENI1 APPEARS AND HANDS US ANOTHER BLACK BOX WITH INPUT AND OUTPUT
TERMINALS, AND ASKS US TO MEASURE IT, WE DO SO AND FIND THAT THE
GENlltS BOX HAS PRECISELY THE SAME RESPONSE AS OUR OWN. SUSPECTI NG

A
SOMETHING FUNNY, WE MEASURE OUR OWN NETWORK WITH AN INPULSE SO AS TO
DETERMINE TS OTHER ONE~D IMENS |ONAL RESPONSE, Lo AND BEHOLD THE GEN!&IS

BOX ALSO HAS THE SAME IMPULSE RESPONSE.



WITH A SMIRK, THE GENII NOW HANDS US A CAN OPENER AND WE OPEN BOTH
BOXES. THEY ARE NOT AT ALL ALIKE INSIDE. OuR OWN BOX HAD THINGS WE
COULD RECOGNIZE LIKE RESISTORS AND CAPACITORS. But THE GeNti's BoOX
CONTAINED A NUMBER OF FUNNY LOOKING DELAY LINES AND NETWORKS, ALL OF
THEM HOOKED IN PARALLEL.

IF WE SNIP OUT ONE OF THESE PARALLEL SUB-NETWORKS WITH SIDE CUTTERS
AND MEASURE THE FREQUENCY RESPONSE, A SURPRISING THING IS OBSERVED. THE
NETWORK HAS NO AMPLITUDE CHANGE WITH FREQUENCY BUT DOES HAVE A PECULIAR
PHASE ANGLE CHANGE WITH FREQUENCY. THE GENII'S BOX CONTAINED PARALLEL
ALL=PASS NETWORKS AND A RECOMBINING NETWORK SO THE OUTPUT WAS ON ONE
TERMINAL.

WHAT 1S THE TRANSFER FUNCTION OF EACH ALL-PASS? IT 1S A SPECIAL
PITCH DEPENDENT DELAY LINE, EVERY SIGNAL OF FIXED PITCH FED INTO THE
80X (AND A SINE WAVE IS SUCH A SIGNAL) IS SPLIT INTO A NUMBER OF PARALLEL
DELAYED PATHS AND EMERGES AS A SUPERIMPOSED MULTIPLICITY OF DELAYED
PITCH COMPONENTS, THIS IS OUR TWO=DIMENS|ONAL REPRESENTATION WE WERE
LOOKING FOR, THIS SPLITTING AND SUMMING IS OF COURSE WHAT WE CALL
TIME~DELAY DISTORTION,

SOUND PRETTY WEIRD? NOT REALLY, LET’S TAKE A VERY SIMPLE EXAMPLE
TO SHOW HOW A WELL KNOWN ONE~DIMENS|ONAL NETWORK REPRESENTATION CAN BE
DEALT WITH AS A TWO=DIMENSIONAL THING. SUPPOSE OUR FIRST NETWORK IS
A SIMPLE RESISTANCE=CAPACITANCE LOW=PASS FILTER. IT's FREQUENCY RESPONSE
1S CONSTANT IN AMPLITUDE OUT TO NEAR WHAT WE CALL CUTOFF, WHERE IT IS DOWN
3 poB, THEN IT CONTINUES TO DROP, APPROACHING A 6 DB PER OCTAVE SLOPE WITH
INCREASING FREQUENCYe THE PHASE SHIFT IS ZERO AT DC BUT BEGINS LAGGING
WITH INCREASING FREQUENCY AND FINALLY APPROMCHES A 90 DEGREE LAG AT

VERY HIGH FREQUENCIES,



Now LET 'S LOOK AT THE GENII'S BOX. IT CONTAINS TWO PARALLEL NETWORKS,
ONE OF THEM IS A PIECE OF WIRE, AND THE OTHER IS WHAT IS CALLED A FIRST
ORDER ALL~PASS LATTICE WITH A FREQUENCY OF MAXIMUM DELAY AT DC. THE
WIRE 1S DROPPED THROUGH A DIVIDER TO HAVE A GAIN OF 1/2.  THE ALL=-PASS
DELAY LINE ALSO HAS A GAIN OF 1/2 AND 1S PHASED SO THAT INPUT AND OUTPUT
ARE IN PHASE AT DC.

Now LET'S SEE WHAT HAPPENS TO THE GENI IS BOX WHEN WE FEED SINE WAVES
IN. AT VERY LOW FREQUENCIES THE NO=DELAY PIECE OF WIRE AND THE DELAY
LINE ADD TOGETHER TO PASS THE SIGNAL VERY WELL. IN FACT UNITY GAIN AT
DC. AS THE FREQUENCY INCREASES, THE DELAY LINE BEGINS TO HAVE ENOUGH
AFFECT ON THE PHASE SHIFT OF THE SINE WAVE THAT ITS OUTPUT NOW BEGINS
ADDING OUT OF PHASE WITH THE WIRE PATH. AT WHAT WE CALL CUTOFF FREQUENCY,
THEY ARE NINETY DEGREES OUT OF PHASE, BUT BECAUSE EACH HAS A GAIN OF 1/2
THE RESULTANT SIGNAL IS DOWN 3 DB AND ONLY LAGS 45 DEGREES. FiNALLY AS
WE INCREASE THE FREQUENCY, THE DELAY LINE COMPONENT INCREASINGLY APPROACHES
AN OUT=OF~PHASE CONDITION WITH THE WIRE PATH AND THE RESULT APPROACHES
NULLIFICATION, THE FREQUENCY RESPONSE IS IDENTICAL WITH OUT RC NETWORK,

THAT!s NO BIG DEAL. BuT, WHEREAS IN THE CASE OF THE FREQUENCY
RESPONSE WE WERE FORBIDDEN TO CONSIDER DYNAMIC MUSICAL SIGNALS, NOW WITH
THIS PITCH=DELAY EXPANSION WE CAN MEANINGFULLY DESCRIBE SUCH THINGS,

THOSE WHO ARE EXPERIENCED IN THE TECHNICALITIES OF SIGNAL PROCESSING
ARE PROBABLY HIGHLY AGITATED BY NOW AND MIGHT TEND TO LOOK UPON THIS
DISCUSSION AS A VARIANT OF THE OLD SHELL GAME., DioN'T | JuST SAY THAT
WE CAN'T TALK ABOUT FREQUENCY AND TIME IN THE SAME DESCRIPTION?  AND
YET | BOLOLY POSTULATE A SPECIAL TYPE OF NETWORK HAVING A DISPERSIVE

DELAY AND DESCRIBE ITS FREQUENCY RESPONSE. HAVE FAITH,

i



IN THE PREVIOUS DISCUSSION WE INTRODUCED THE CONCEPT OF TIME~DELAY
DISTORTION AS A CONSEQUENCE OF THE TOPOLOGY OF A TwWO=DIMENS|ONAL REPRESENTATION
OF THE ACOUSTIC IMAGE. IN THIS DISCUSSION WE ARE INDEPENDENTLY INTRODUCING
TIME=DELAY DISTORTION AS A CONSEQUENCE OF NETWORK THEORY. THIS DUPLICATION
IS WORTHWHILE. WHY? BECAUSE THE FIRST STEP IN BREAKING WITH TRADITION
IS ALWAYS THE MOST DIFFICULT AND NEEDS ALL THE ASSURANCE ONE CAN GIVE IT,

A VERY BAD MISTAKE WAS MADE DURING THE TIME OF LORD RAYLEIGH IN
ANALYZING THE TIME DELAY OF PROPAGATING SYSTEMS WHICH HAVE A NON=UNIFORM
AMPL | TUDE RESPONSE FOR FREQUENCY. IT AROSE OUT OF PRE=RELATIVITY
MEASUREMENTS OF THE SPEED OF LIGHT. | wON/T GO INTO A DISCUSSION OF IT
HERE BECAUSE IT IS A VERY LONG AND INVOLVED STORY AND INCLUDES SOME OF
THE MOST FAMOUS SCIENTISTS OF ALL TIME - RAYLEIGH, GiBBS, EINSTEIN, VOIGHT,
SOMMERFELD, BrRILLOUIN, MICHELSON, ETC, BUT THE IMPORTANT THING FROM THE
STANDPOINT OF TRYING TO COME TO GRIPS WITH THE MYSTERY OF AUDIO IS THAT
GROUP DELAY NEVER REPRESENTS THE TRUE TIME DELAY IN A MINIMUM PHASE SYSTEM.
THERE ARE, HOWEVER, SPECIAL NETWORKS FOR WHICH WE CAN TRUTHFULLY DESCRIBE
TIME DELAY IN TERMS OF HOW LONG IT TAKES AFTER WE PUT A SIGNAL IN BEFORE
SOMETHING COMES OUT. THESE ARE ALL=PASS NETWORKS., THE NETWORK CONCEPT
THAT PROVIDED THE KEY TO TIME~DELAY DISTORTION WAS ONE WHICH SHOWED THAT
MOST OF THE NETWORKS OF THE KIND FOUND IN AUDIO CAN BE DUPLICATED BY
SPECIAL PARALLEL COMBINATIONS OF ALL~PASS NETWORKS, THIS 1S THE GENIIts
BOX, THuUs EVEN THE LOWLY RC LOW=-PASS NETWORK CAN BE CONSIDERED TO SPLIT
THE INPUT INTO TWO PIECES WHICH RECOMBINE AFTER SUFFERING THEIR RESPECTIVE
PITCH DEPENDENT TIME DELAYS,

WE CAN TALK ABOUT ANY SIGNAL WE WANT, EVEN SINE WAVES, AND DESCRIBE

THE EFFECT AS A SPLITTING = DELAYING =~ THEN RECOMBINING OF THE SIGNAL.



THIS FITS BEAUTIFULLY WITH THE ACOUSTIC IMAGE. A PERFECT DISTORTIONLESS
REPRODUCTION PRODUCES ONE AND ONLY ONE ACOUSTIC IMAGE IN ITS PROPER PLACE,
ANY MINIMUM PHASE DISTORTION IN RESPONSE IN THE AUDIO CHAIN SPLITS THE
ACOUSTIC IMAGE INTO MANY IMAGES WHICH SPREAD IN SPACE DEPENDENT ON THE
INSTANTANEOUS SiGNAL COMPONENTS OF PITCH, THE REASON WE CAN SAY THEY
SUFFER A SPACE SPREAD IS THAT SOUND IN AIR TRAVELS AT A CONSTANT SPEED
AND A LITTLE EXTRA TIME DELAY IS EQUIVALENT TO THE SOURCE HAVING MOVED
BACK FROM US A PROPORTIONATE DISTANCE. THIS MERGING AND BLURRING IN
SPACE CONSTITUTES A DISTORTION ON THE SOUND |MAGE.

ONE OF OUR INTERESTS IN MINIMUM PHASENESS IN A NETWORK TRANSFER
FUNCTION DEPENDS UPON THE FACT THAT MOST OF OUR EQUALIZERS ARE ALSO
MINIMUM PHASE. lg WE EQUALIZE FOR AMPLITUDE RESPONSE THEN ALL OF THE
MULTIPLE IMAGES OF TIME~DELAY DISTORTION CAN MERGE INTO ONE PERFECT
IMAGE . l% THE AUDIO NETWORK 1S NON=MINIMUM PHASE AND WE ATTEMPT TO
EQUALIZE FOR FFLATTESTY FREQUENCY RESPONSE, THEN WE ARE LEFT WITH A
RESULTANT ALL=PASS TRANSMISSION, THE SOUND IMAGE IS NOW DISTENDED IN
SPACE, AS WE STATED EARLIER, LIKE AN IMAGE IN AN AMUSEMENT PARK MIRROR,

TIME~DELAY DISTORTION IS REALLY UBIQUITODUS IN OUR AUDIO PROCESSING.
THIS EVEN INCLUDES THE MULTIPLE SOUND DELAYS OF REPRODUCTION IN A ROOM,
WE WILL DEFER TALKING ABOUT ROOMS UNTIL LATER. THERE IS, HOWEVER,
ANOTHER ASPECT OF TIME~DELAY DISTORTION WHICH ANSWERS ONE MYSTERY OF
AUDIO INVOLVING THE IMPROVEMENT IN SUBJECTIVE CLEANLINESS OF MAGNETIC
TAPE RECORDING WHEN ALL PHASE DISTORTIONS ARE REMOVED,

A MAGNETIC REPRODUCE HEAD IS A CASE OF AN AUDIO COMPONENT IN WHICH

A UNIFORM AMPL ITUDE RESPONSE 1S NOT SUFFICIENT TO GUARANTEE DISTORT!IONLESS



REPRODUCTION, THE APERTURE LOSS AT SHORT WAVELENGTHS MAY BE PARTIALLY
COMPENSATED BY PASSIVE HIGH PEAKING CIRCUITS, BUT THE PHASE CONDITION IS
NOT SIMULTANEOUSLY ACHIEVED. IT THEN BECOMES NECESSARY TO ADD A
COMPENSATING ALL-PASS EQUAL IZATION FOR PHASE., WHICH IN TERMS OF OUR
TWO~D IMENS | ONAL REPRESENTATION MEANS THAT THERE WAS AT LEAST ONE ALL~PASS
NETWORK LEFT IN THE GENII'S BAG AFTER WE TRIED TO CASCADE AN EQUAL I ZER
FOR AMPLITUDE.

AN OLD TRICK FOR IMPROVING THE SUBJECTIVE QUALITY OF FIRST GENERATION
MAGNETIC TAPES IS TO DUB A NEW TAPE FROM A REVERSED VERSION OF THE ORIGINAL.
THE EDGE OF SOME |INSTRUMENTS SEEMS BRIGHTER AND MORE REALISTIC WHEN THIS
IS DONE. THIS LITTLE MYSTERY 1S EXPLAINED AS NOTHING MORE THAN CANCELLING
THE RESIDUAL ALL= PASS BEHAVIOR OF THE IMPROPERLY COMPENSATED REPRODUCE
HEAD. WHAT WE DO WHEN WE PLAY A TAPE BACKWARDS 1S TO REVERSE THE DIRECTION
OF TIME FOR THE PROGRAM MATERIALe. THE CLOCKS IN THE RECORD!ING ARE
RUNNING BACKWARD., TIME=DELAY DISTORTION IN AN IMPROPERLY EQUALIZED
REPRODUCE HEAD WILL CAUSE A DIFFERENTIAL TIME DELAY BETWEEN LOWER AND
HIGHER PITCH COMPONENTS. THAT 1S, REAL HONEST TO GOODNESS CLOCK DELAY
AS MEASURED FROM A CAUSE-EFFECT RELATIONSHIP, BY DUBBING BACKWARDS AT
AT ONE~TO-ONE SPEED WE ARE MAKING THE REPRODUCE DELAY A RECORDING PREDICTION,
BASED ON THE BACKWARD RUNNING CLOCKS IN THE RECORDING. WHEN WE RUN THE
NEW RECORDING IN THE -PROPER DIRECTION THE AMOUNT OF PREDICTION IS THUS
AUTOMATICALLY WHAT IS NEEDED WITH THE DELAY OF THE REPRODUCE EQUALIZATION
SO AS TO MAKE ALL COMPONENTS COME OUT AT THE PROPER TiIME. AND, CLICK,

ANOTHER PIECE OF THE MYSTERY IN AUDIO FALLS INTO PLACE.



IT wouLD BE POSSIBLE TO GO INTO MANY MORE ASPECTS OF TIME~DELAY
DISTORTION, BUT WE HAVE DALLIED TOO LONG AND MUST MOVE ON IN THESE
DISCUSSIONS SINCE THERE 1S SO MUCH MORE YET TO BE UNCOVERED. SO FaRr
ALL WE HAVE CONSIDERED HAS BEEN THE DISTORTION IN THE SOUND IMAGE DUE
TO A LINEAR PROCESSING DEFECT,. NEXT UP WE WILL BEGIN LOOKING INTO
NON~L INEAR AFFECTS, STARTING WITH A LOOK AT WHAT WE NORMALLY CALL

HARMONIC DISTORTION, YOU MAY BE IN FOR A FEW SURPRISES.




What would be your opinion of an audio product which had the following
advertizing claim: "Harmonic distortion at "average" listening level is
only one percent; while harmonic distortion before clipping is held to
slightly over ten percent".

Would you buy such a product? Or would you reject it as probably
too distorted to satisfy a critical listener such as yourself? Think
twice, that's a typical sort of measurement on a recording studio master
tape machine. Virtually all of your "clean sounding" records originated
on a machine with such specifications.

A1l right, for another example of distortion, let's set up an A-B
test between two power amplifiers. One of them has a tenth percent
harmonic distortion at full output while the other has distortion so low
we can't seem to measure it until the onset of clipping. We have a two=-
position toggle switch and set up to listen to the two amplifiers.
Through all kinds of program material we toggle back and forth and
determine that one amplifier indeed seems more transparent than the other.
And there are enough people in our jury who agree with the results that
we are convinced a genuine listening difference exists.

But wait a minute. We had to listen through loudspeakers. How
much distortion do they have? So we set up a microphone and measure
the harmonic distortion>of the loudspeakers at the listening levels we
just used for our A-B fests. Oh boy! they clock in at a neat three
percent harmonic distortion. Thirty times the distortion of the one
tenth percent amplifier and a thousand or more times that of the other

amplifier. How could we have heard any difference?
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And if that isn't bad enough, when we take the masking tape off the
toggle switch to see which amplifier sounded better - it was the one with
a higher measured distortiopl

Does this little scenario seem absurd? Well it isn't. These sort
of things happen with enough regularity that it is a genuine "whatsit" in
our mystery of audio. Trouble is, very few audio professionals are
willing to talk about such things in public. It "spoils the image",
don't you know.

Generalities are dangerous, but let's take a look at some of the things
we observe more often than not concerning harmonic distortion. A given
percentage of distortion in a loudspeaker is a lot less objectionable
“than in an amplifier. The same percentage of distortion in playback of
a magnetic tape and playback of a direct cut disc doesn't sound the same.
When comparing amplifiers of different design types - such as vacuum tube
and transistor - the same percentage of harmonic distortion produces
quite different sound image distortion.

There - that should have stepped on enough tces to get someone's
attention. Now let's take a look at distortion from the standpoint of
a geometry of sound.

The first, and probably most important,thing to remember is that we
should not get hung up on talking about distortion in a component. The
only thing meaningful is to chase that distortion through all the sthps
of audio processing and ask, "what does it do to the final sound image?"

How do we measure harmonic distortion? We start with a pure sine
wave signai&which We use as a source. Then we intercept the output

version of that signal and measure its harmonic content in a variety



of ways. Let's stop here for a moment and reflect on some of the points
we raised in an earlier discussion. DMost of us seek the easy way out

in meaéuring. It is a great deal easiet to say "this device measures
four on a scale of ten'", than to give a detail specification. By now it
should come as no shock that the spectrum of harmonic distortion has an
amplitude AND A PHASE of components, and should be measured as a function
of drive level as well as source frequency. Sure, it's a lot of work,
but in many cases shows differences between components that do not show
up on a '"one-number" measurement. A better understanding of the mystery
of measurement versus listening occurs when we become more precise in our
measurement . Let's defer a more complete discussion of that point

for another time.

The sine wave is a proxy for our sound image. Harmoniec distortion,
being of necessity a one-dimensional measurement, is best applied to
those components where the sound image is itself one-dimensional. Where
could we expect this measurement to be most meaningful?  How about
amplifiers? Yes. Uoes it apply to single channels of magnetic recording?
Yes. How about phonograph cartridges? Not unless you're very careful.
How about loudspeakers? No, not the way we now measure them.

So it seems that harmonic distortion in a loudspeaker as we now
measure it, is not really the same thing as harmonic distortion in an
amplifier. When we measure an amplifier we are measuring everything that
amplifier can do to the portion of the sound image which it processes.

So long as we are discussing steady state distortion (we'll come to

transient distortion in a later discussion), everything the amplifier
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can do to modify the sound image is measured.

When we place a microphone at one position in the sound field of a
loudspeaker and measure the harmonic distortion of the microphone signal,
we are tacitly assuming that the role of 3 loudspeaker is one-dimensional.
of coursé it is not. The loudspeaker interfaces with our normal geometric
space dimensions, which an amplifier does not.

This is only a fragment of a clue to the listening difference of
distortion because we really must try to understand how the final sound
image is affected. In order to begin understanding the geometry, let's
consider normal stereo reproduction. That amplifier we measured carried
what we call the left chamnel, let us assume. What do we mean by that?
The sound illusion is a whole phantom image spread out between the
reproducing speakers, as we generally perceive it. Digd somebody take a
hot butter knife, slice through stage center of our image and constrain
the left half to the left channel? No, only the extreme leftmost part
of the image is wholly processed by the left channel amplifier. The
- rest of the image depends upon the right channel to some extent. A1l
of the space, tonal, and temporal properties of our ultimate sound image
is processed as two independent one-dimensional things.

This processing defect we know as harmonic distortion is one
manifestation of a nonlinear transfer characteristic. Consider what happens
when a musical instrument occupies stage center. Both channels then
brocess the same signal. A sine wave signal will have harmonics, but they
will all occupy a stage center position if both amplifiers are identical.
An extreme stage left or stage right instrument will also not have its

angular position and extent subjectively changed by harmonic distortion.



But a little reflection will show that an instrument anywhere else will
have a probable lateral spread of its tonal harmonics. If the signal
from the left amplifier is 3 dB stronger than from the fight amplifier,
the distortion fragments will generally be stronger on the left than the right.

Do you remember the early days of transistor power amplifiers and
what was known as "transistor sound", a harsh and brittle sort of
unpleasantness in a signal. Much of this was in fact due to low signal
level amplifier problems which occured at the crossover transition
between power transistors. Consider what might have happened to the
geometry of the final sound image.

Most of us seldom think of it, but human "hearing" has quite a bit
of nonlinear distortion associated with it. In order to survive in a
world with sound intensity differences of greater than a million-million,
we have developed somethink like a logarithmic response. Just like the
"pblind spot" in vision we accomodate to this and are never aware of it.
But we know that in most sounds distortion tends to increase with increasing
intensity. Louder means more distortion and conversely. Not so in
many of the early transistor amplifiers. #s you dropped signal level
in such amplifiers the distortion rose until the fundamental was nearly
"snuffed out" by the crossover notch.

Low level instrumehts to left of center would have a left channel
signal with significantly lower distortion than that of the less intense
right channel signal. The sound image was then spread all over the

stage with much of the lateral smear tied to distortion fragments.
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In addition, the nature of the distortion fragments was such as to
constitute very high order harmonic terms, in contrast to what we have
to accomodate in normal hearing. The result was listener fatigue, a
very brittle sound which exaggerated instrumental attack, and a natural
tendency to turn the power ampidifier switch to the off position.

There were, and are, other types of distortion. But by considering
the geometry of the final sound image as processed under human subjective
conditions, harmonic distortion can itself be sufficient to state that
such amplifiers would sound bad, even though the conventional method of
measuring such distortion gave the amplifiers a clean bill of health.

Getting back to our original train of thought, nonlinear distortion
of the sound image when it is processed one-dimensiomally will lead to a
differential smear of signal energy among the higher dimensions of the
final sound image. Depending upon the detail nature of the one-dimensional
distortion, the sound image will be smeared in its space, tonal, temporal,
and intensity values. This is representation distortion. In some cases,
such as with amplifier crossover and slew rate distortion, the image may be
laterally smeared with distortion fragments as though you had brushed
your hand across a still-wet painting. In other cases, portions of the
sound image may distend back from you or accordian together to lose all
depth relationships when time and space values are affected. Instill
other cases, instrumental voices may recess and suppress themselves when
temporal and intensity values are affected, etc.

Most of this is available in our distortion measurements when we are
careful enough in making them. And particularly when we are careful in the

interpretation of these measurements in subjective terminology.



What about our loudspeaker which we so far have left dangling?
Harmonic distortion in a one-~dimensional amplifier is a total thing. Iir
you've got such distortion it must smear up some of the coordinate
representation in the final sound image. No way out. Not necessarily
so in a loudspeaker, Harmonic distortion in a loudspeaker just might
foul up primarily the tonal properties and leave some of the spatial,
temporal, and intensity values relatively unaffected. Harmonic distortion
may of course do the same type of thing for a loudspeaker as an amplifier
does to the sound image, but that's more the exception than the rule.

When we set up a single microphone and measure sound pressure from a
loudspeaker at one point in space, we are not measuring the same thing, as
far as the sound image is concerned, as an amplifier measurement. Many
of the spatial and temporal properties of the final sound illusion are
embodied in where the loudspeaker is placed and in what room. In many
cases these tend to overwhelm the modification in representation due to
what we measure as acoustic distortion.

This leads to a rather interesting possibility. There may be some
acoustic environments in which a certain loudspeaker will sound very
accurate. That same loudspeaker in other places may be so-so, or possibly
sound noticeably distorted. If you forget about measured component distortion
and think in terms of the geometry of the final sound image, another
possibility presents itself. It just may be possible that there is a
preferred amplifier-loudspeaker combination for a more accurate sound.

Such statements made only in the context of impulse response or frequency

response measurements would be cause for academic court martial and



automatic banishment from the world of objectivity. But maybe, just

maybe, we are beginning to solve some of our mystery by taking a broader

viewe.

Harmonic distortion is only one small piece of the picture. We'll

look over some others in our next discussion.
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