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SYNERGETIC
Working together; co-operating, co-operative
SYNERGISM »

Co-operative action of discrete agencies such that the total effect is greater than the sum of the two effects taken
independently.

EXCHANGE OF IDEAS

| met a man with a dollar | met a man with an idea
We exchanged dollars We exchanged ideas
| still had a dollar Now we each had two ideas
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The JBL/UREI combination, along with the separation of the professional products into its own company
responsible for its own development, is one of the important events of this decade. Commercial sound
contractors have witnessed over the past twenty years the demise of the RCA Sound Divison, Stromberg Carlson,
Altec, and many others, as conglomerates did what they do best - destroy small companies needing entrepreneural
input. So, it is with great relief that we

observe a major supplier of first rank products STAFF Syn-Aud-Con NEWSLETTERS and
to commercial sound contractors being . ‘TECH TOPICS are published
strengthened rather than destroyed. The Editors: Xﬂﬁ?geglﬁcggtzyngrg?on
personnel at the top at JBL Professional Don & Carolyn Davis 669 (Rancho Carrillo),

San Juan Capistrano, CA
Design & Production:  92693.

Jan Kreitz This is Volume 13, Number 1.
in the sound contracting business. They Fall 1985.
Pat Carlson

Debbie Lohrman

Subscriptions are available for $32.00 per year. Single

Sound Products, starting with the President,
have had experience as sound contractors or

have TEF capabilities. They are totally
motivated toward the contractor's business.

What more could an audio contractor ask of or,back issues are available. Write for price list. Air
tomorrow's supplier. # Mail subscriptions outside the United States are $38.00.
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CRAFTSMANSHIP VS. ENGINEERING VS. SCIENCE

Technical endeavors divide into three major approaches. Pure science views the world as a transform

of some sort either material or mental. Engineering looks at components and attempts to optimize each.
On occasion engineers stray into systems work and leave tremendous legacies as a result, witness the
dBm (now used in Fiber optics), the organization of impedance and admittance, and our entire diagramming
techniques.

Craftsmanship is left to the workers who have to actually install, test, and operate the systems. There
are famous schools of Science, major engineering universities, but craftsmanship is not taught. It

is most often either inherited or found fresh by men and women who come across the work of a craftsman
in the midst of an older system.

If you want to be a craftsman today, you'd better be in business for yourself. Business professionals
usually want no part of such nonsense (except in the consumer products they personally purchase) in
their own companies.

Craftsmanship springs from integrity and honesty in the individual. A craftsman is constantly seeking
improvements (real improvements, not just new products), new knowledge, and improved skills.

Finaily, a craftsman is known by his tools--not the number and expense of them--but how he or she uses
them.

Craftsmanship is often mistakenly associated with the arts and crafts. The kind of craftsmanship discussed
here is what we do in our daily work, not some hobby. Craftsmanship that is real is efficient, profitable
and morale building, not a retreat to an outgrown or outmoded construction or use of an historical artifact.
Craftsmanship is here and now, a pride, yea a compulsion to perform to the highest level possibie for no
material reason whatsoever.

A craftsman with a VOM will outperform the greedy, the falsely ambitious, and the big time operators,
even if they have unlimited instrumentation. Where the garbage comes from in the saying GIGO is from
the mind of man. Craftsmanship is the outward manifestation of an inner ear listening to the still
small voice of conscience. #
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NEW TEF-12 - $9,950

Tecron is now Techron. The TEF System 10 is now the TEF System 12. $16,000.1s now $9,950. New literature
flows forth, new people hard at work. Just a sample of what's happening is the release printed here.

We are reminded of the early days of Acousta-Voicing when we first had the 1/3 octave real time analyzer.
We had the filters and we had the analyzers. What we didn't have was the organized sound system design
techniques, but we generated them with a few years.

We now have the new analyzer. We have a proliferation of new devices that delay signals in various ways.
What we now need is an organized sound system analysis technique that, once passed, truly insures that the
sound system is operable by the end user. That comes from those of you in the field. Sharing of successful
ideas, approaches, and even failures quickly point the way to improved methods.

The next few years will be fascinating as anything wrong in the old is replaced by the better in the new.

TECHRON division of Crown Intemational, inc ﬂ w

SOFTWARE

WORKBENCH INSTRUMENT SOFTWARE
VERSION 1.0

The Workbench System provides four often Peak Hold: Track, Track Auto Release, Sweep Trigger: Free Run, Source, Keyboard

needed instruments for bench and field Release
testing of sound systems, electronic equip- Calibration Constants: User Reference FUNCTION GENERATOR
These insuments inolude: Units, Volts per Reference Unit, Zero dB SPL @ The function generator can gene-

ment, and other eleciro-acoustic systems.
Reference Value rate anumber of continuous signals

Sound Level Meter including: fixed frequency, swept

Digital Voit Meter DIGITAL VOUTMETER frlequency, and random noise
Oscilloscope o o The function generator runs independently
i The digital voltrmeter indicates volt- of the olher instruments in the Workbench
Function Generator ) i
age in both digital and analog package This means that the generator
These four insirurnents are allimplemented fc:rmafs?. The mecllsureg YO“C:QG is can be used as atest stimulus for the other
on the TEF machine in a very user-friendlly, b l: ;OW” 'nr num;rercg andingl 'netC" instruments such as the sound levet mefer,
easy-to-use manner. Pull down menus are f ‘fl" gr?p S’m W 1e:e end&"' or|e 905'9’(19 volimeter, and oscilloscope  The following
used to dllow instant access to any of the OO;’W wobar ggz ’15 are aisp! OL\J’TG ‘; I- seftings canbe selected:
systern's paraneters and setups with full help cating processed detector output an o ) o
facilities available maxirnum values Function: Sine, Triangle, White Noise, Pink
Functions are provided to allow: storage The digital voltmeter has the following Noise

of instrurent setups and defautts, muttiple controllable parameters:

printing options, selection of input options
and instrument settings

Mode: Fixed Frequency, Swept Frequency
(sweep can be starfed, sfopped, paused,

Function: DC, AC Average, AC Peak, and and confinued)

Impedance. The impedance function allows

measurement of both the magnitude and Output Voltage: 10 mVolts to 2 Volts RMS
SOUND LEVEL METER phase (or real and imaginary) components Sweep Time: 05 Secsto 50 Secs
The sound level meter is displayed ofimpedance af any flequency) Frequency Entty: Direct Keyboard Enfry, One-
1 on the screen as two bar indi- Meter Full Scate: 2 mVolts to 2 Volts (0.2 third-octave selection, Increment-Decrement
cators calibrated in dB SPL show- Volts to 200 Volts with external attenuator) in tinear and log steps.
ing respectively the processed Meter Damping: Same s sound level meter
detector output and maximum levels of the SYSTEM FUNCTIONS
measured sound pressure
The sound level meter system allows selec- DIGITAL OSCILLOSCOPE The workbench systern has the
tion of several parameters including: . o 5 ability to store and retrieve insiru-
;&%ﬁ%ﬁﬁ?ﬁ; (Igalf?gt?;gﬁ;%n ment setups including a user de-
Frequency Response Weighting: Linear. - - fined default setup that defines all
YA UBYCT ?hglssggwpgaﬁgﬁ?not::‘heigsgeerzg the instrument settings on system startup.
. ; p Menu selections are provided for quick refum
Meter Top of Scale: 4010 130 cB SPL g;gﬁgsrgg S\é’ez?om%er;ggﬁ gf;gge o of each instrument 1o its default setup (both
Meter Range: 10to 60 dB pep ) collectively and individually) !
Meter Damping: Fast, Medium or Stow with Horizontal Sweep Time: 500 uSecsio 2 Secs egftgsgrciggﬂg[e&:f‘:r'?ﬁ(l;)ig:ngz%hgns“
separate seffings for aftack and decay fime per Div variety of input options inciuding balanced-
Detector Type: Average, Absolute Peak, Vertical Sensitivity: 1 mVoltio 1 Volt per Div. unbdlanced, inverting etc. to make the instru-
"+ Peck, "—" Peak, and RMS (01 Voits to 100 Volts with extemal attenuator) ments as easy to use as possible
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AUDIO MONITORING & INDICATOR PANEL

Mario Maltese of TSI in Mineola, New York, started attending Syn-Aud-Con classes in 1974. And we see him
every few years in a Syn-Aud-Con class.

This year Mario, Chris Maione and Brett Sandgren from TSI brought into the New York class a product they have
developed:

FEATURES

® Visual and aural monitoring of up
to three channels of audio sources
in 3% panef space

® Custom engraving on front pane!
for each channel (i.e., speech, pro-
gram, teleconferencing)

® Pop and click protection of dis-
tributed loudspeakers using muting
relay with two second detay at turn-
on and instant off at turn-off

® Distribute Switch: in “off” posi-
tion, operator can aurally preview
each channel before distribution to

loudspeakers; in “on” position, pro-

gram is distributed to toudspeakers

® [sofated cueing of each channel
with a cue or solo momentary
pushbutton

® Separate microphone input with
phantom power for monitoring oral
cues. (Microphone not supplied.)

@ Separate auxiliary input for testing
and utility functions.

® Privacy Feature: closure activated
mute circuit defeats monitor speaker
while continuing to visually display
volume level.

® Line output for recording.

® DC rails at rear connectors (+5
volts, +15 volts, —15 voits).

® Easy to use captive screw con-

nectors on rear panel

We were so impressed with the product that we asked Mario if we could write it up and make a mailing in our
Newsletter so our "grads" would know about it. (Mario is producing it in quantity for about $800 - but get
the details from Mario.)

The MVI Series Amplified Monitor Panel is a must for controlling the sound system from the
equipment rack location, which is often in a different acoustic environment than where the
distributed loudspeakers are placed. It's a high impedance device that will accept anything
from "aux" level to 70 volts, and it packs quite a punch for its size.

After years of hand-wiring many of the same features into our corporate and theater audio/
visual-video systems, we decided to produce a standard quality product and clear our racks

of many relays, switches, L-pads that burn out, ugly meters and range switches, custom
metalwork and wasted front panel space.

"SMART" AMPLIFIER ADAPTER?

We recently had an occasion to measure an expansive

tone control masquerading as a "smart" amplifier ;,HQFiZQHt31§ - Auto0.0D Hz 'to 10001.20 Mz f
i Log freq axis (2.7 decades) :
adapter, only it went in front of the amplifier, o o : o

{

not on its output.

We'll let the curves speak for themselves.

SMILE

The most fertile source of insight is hindsight. #
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A STANDARD FOR LOUDSPEAKER TEST

The argument is occasionally put forth that a loudspeaker measures well but sounds poor. Indeed they can.
What you really need to know, however, is why did they sound bad? The answer may be that they measured
the wrong things or failed to measure all the necessary things. Just as prevalent is the excellent
lToudspeaker that sounds bad because the source material played over it is bad. It's in this area that
the entire Hi-Fi underground receives its fertilization. Speaker A sounds great on program X. Speaker B
sounds terrible on program X. Then a clean recording accidentalily falls into their hands and now Speaker
B is great and A is trash. Because of this problem, subjective testing should always and only be done

by yourself.

Objective tests can be useful if the correct ones are chosen:

1. A steady state frequency response of the direct sound level with an FR as small a band as the test
space allows.

2. A detailed energy time curve (i.e., -31669 to +31669 with a 4 x expansion).

3. Both linear frequency and logarithm frequency response is useful. I Tike the Tinear in three separate
decades: 0-200 Hz, 200 - 2000 Hz, and 2000 - 20,000 Hz. Side-by-side views of Log-Lin sweeps are most
educational. For Log sweeps use the Tecron 1.1 disc not the Heyser disc, because you can then start
at any desired low frequency and still have an accurate screen scale. On Heyser's disc, in order for
the log scaling to be correct, you need to always start at 0 Hz.

4. A 3-D response adjusted to allow the behavior of the decay side of the response to be seen in reasonable
detail (i.e., Fs = 250 Hz or thereabouts with TR adjusted to fill the screen from T, to T,).

5. The Nyquist polar plot.

6. The phase vs frequency plot.

7. A 3-D polar response of both vertical and horizontal directivity.
8. A "buzz" test for audible buzzes, rattles, voice coil rubs, etc.

9. A sample distortion run a la Heyser can be included, but most good Toudspeakers should barely appear
on the screen.

My personal opinion is that I can pretty well judge what a loudspeaker is going to sound like from

the first seven tests. The perpetual challenge is how to handle the 'hype that goes with special devices
good on special sources. For instance, it's conceivable that some loudspeaker might “mask" the problems
in some digital recordings. Does that make it a good Toudspeaker? "Beauty may, indeed, be in the

ear of the behoider."

Comments On The Above

Before we published the above, we sent it to Neil Grant in England, who will be soon writing speaker reviews
for Studio Sound, and who will soon market a studio monitor in the United States through Bob Todrank at
Valley Audio. We are printing excerpts from his ietter:

Define the external parameters..... .type, position and input to the amplifier. Location of the
speaker and adjacent reflective surfaces. Use Dick's (Heyser) equation to predict the response
ripple in this position. Standardise on the chosen set-up. (I have to agree with Peter Baxandall's
comments about the similarity of amplifiers and the rubbish that is talked about interconnects,

but I still feel that it is worth defining.)

Modulus of impedance. If particularly complex, experience shows that it may be necessary to divide
the bandwidth up in sections, very much as with the amplitude response family.

Distortion. Here I disagree a little with Don. Fair enough, most good loudspeakers should measure
well, but if they were all good ones, there would be little point in reviewing them all. Distortion
is also interesting where it departs from the levels that you would anticipate, or where the device
misbehaves momentarily. This can give insight to some of the other mechanisms colouring the response.
My only concern is the display itself...if you use one of Dick's difference modes to enable reading
relative levels instantly, the curve is relative to the fundamental, and misleading if printed in
that form. Interpretation from the basic curve on its own can be difficult, unless, again, you
divide up the frequency scales.

A BIT OF WISDOM

Better to light a candlie than to curse the darkness. Gerald Stanley at the TEF Workshop #

—6— SYN—-AUD-CON NEWSLETTER
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1986 SCHEDULE

SOUND
ENGINEERING
SEMINARS

January 14-15
Quality Inn

Anaheim, CA

March 26-27 Portland, OR

Red Lion (Jantzen Beach)

April 2-3 Vancouver, B.C.

Holiday Inn (Downtown)

April 24-25

Las Vegas, NV

Hacienda Hotel

VOLUME 13, NUMBER 1

WORKSHOPS

February What would you like?

West Coast

We would like to host a Workshop on the West Coast
in February. What would you like? We have included
a form for you to send us which will help us put

it together.

Studio Designer's Workshop
May 7-9 Dallas, TX

Staff:
Russell E. Berger

Peter D'Antonio

Doug Jones



SHURE ON THE MARCH AGAIN

Shure's FP 11 and FP 12 are two extremely use-
ful audio system tools.

The FP 11 microphone-to-line level amplifier
allows a microphone to be fed from a remote
location over a balanced circuit at line level.
We know of no better cure for overcoming noisy
Tighting controls. The precision 6 dB/step
attenuater allows matching of incompatablie
Tevels from various sub mixers as well.

The FP 12 is a true bridging amplifier (very
high impedance tap across lower impedance
Tines.) This unit literally allows you to
bridge across any system 1ink circuit and

have a look without effecting the operation

of the link circuit itself.

Both units are very reasonably priced with the
FP 11 $175.00 and the FP 12 $160.00. Both are
battery operated requiring a singie nine voit
battery. We are extremely interested in Shure's
current approach to professional electronics
and as the lessons from the field come in, we
suspect we'll see a super interactive group of

components that make complex systems much easier

to tie together.

Battery test points {"Batt test") can be used to test the battery under Toad or to insert 9 - 12 volts to

run the units. Use a well regulated and filtered supply. #

WHY SYN-AUD-CON?

Shallow thinkers are often tempted to put down Syn-Aud-Con's two-day seminars as not worthwhile because of
their brevity. Indeed, who would not agree that you can't become an expert in audio in two days? What is
overlooked is that you won't become an expert in audio from anyone's course no matter how lengthy and that
those who attend the Syn-Aud-Con basic two-day classes are not raw beginners but men and women already

employed in audio work who have sensed the inadequance of any form of study except continuing adult
self-study.

For those truly desirous of pursuing an academic background of genuine use to a lifelong audio career a full
university physics course is the correct path.

What a Syn-Aud-Con two-day seminar can do for those who attend is to enable them to identify those tools a
real professional uses and needs and to learn where to acquire the self-learning materials necessary to the
pursuit of this newly identified knowledge.

After 14 years of Syn-Aud-Con experience we know that what holds back people in audio is a failure to ident-
ify what they don't know and that they need to know. A Syn-Aud-Con two-day seminar is devoted to "washing"
the attendee in the pool of audio technology and allowing them to self-identify their needs. The more
experienced a person thinks they are the more beneficial the uncovering in their own mind of missed or mis-
understood fundamentals. That's why those fortunate enough to have attended a Syn-Aud-Con class first know
how to direct their continuing educational efforts with maximum effectiveness. #
-8 SYN~-AUD-CON NEWSLETTER
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THE SIGNIFICANCE OF 1/f
IN ACOUSTIC MEASUREMENTS

The inverse of the concept of "frequency" (1/¢) is the primitive period (i.e., one wavelength "A"). As the
words imply X is a length.

where: d 1is the distance in ft or M
f is the frequency in Hz
X is the wavelength in Ft or M
¢ is the media velocity in ft/sec or M/sec

Measuring Low Frequencies

What are the necessary and sufficient conditions for measuring low frequencies either indoor, outdoor,
anechoically, or otherwise? The answer is the development of one full wavelength.

This is one of the basic meanings of the time-bandwidth product

—_

Fre Tp = 1.0 or Ty = 1 and Tg = £
R R
where: Fyp is the frequency resolution in Hz
Tg is the time resolution in secs

The Critical Frequency (f.)

The term "critical frequency"fc s used to describe the frequency below which standing waves cause
significant room modes. This is a frequency usually quite close to the 3/V (i.e., V(1/3)) as a wavelength.

It is apparent that genuine difficulties arise in acoustic measurements whenever you are at a frequency whose
wavelength exceeds the dimensions of the enclosed space where the measurement is being made.

TEF® VS Anechoic Measurements

The lowest frequency you can measure accurately with high resolution requires the development of at least one
full wavelength (i.e..with the TEF® analyzer set for a Ty that rejects any other signal). This is a
requirement for any measurement, not just TEF® measurements.

It is then, we hope, obvious that with the TEF® analyzer all that is necessary is sufficient space around
the device under test (D.U.T.) and the measurement microphone. Since this is true for the so called anechoic
chamber, it then becomes a totally unneeded tool for two port measurements.

Those who do not understand this do not understand the fundamentals of any acoustic measurement and they should
review their grasp of fundamentals before doing any acoustic measurement work.

Choosing The Lowest Frequency

From the above, it follows that the lTowest frequency you should attempt to measure with high resolution is
a function of the nearest reflecting surface. (Remember, in an anechoic chamber, they are reflective at low

frequencies.) Thus: c

firb = 4
where: frr is the lowest frequency in Hz for a high resolution measurement
d is the distance in Ft or M between the L on the ETC and the first reflection.
(Note the first reflection may be associated with either the D.U.T. or the
measuring microphone.) ¢

THE HEYSER TRANSFORM

The clearest public statement to date of the existence of the Heyser Transform is Dick Heyser's abstract for
his paper given at the May 1985 AES Convention on the West Coast.

He states that this is "a new integral transform. It is not a case of the new transform versus the Fourier
Transform: The new transform includes the Fourier Transform as a special degenerate case. Analysis properly
performed under the Fourier Transform can be precisely duplicated under the new transform but not conversely
(italics are mine)...... The conversion between conventional time and frequency domains may now be accom-
plished by intermediate maps through other domains (italics are mine), reaching signal properties not avail-
able to the dircct Fourier Transform map. This includes nonlinear (italics are mine) attributes such as
wavelength-dependent dispersion and amplitude-dependent distortion."”

Until Dick actually publishes the full mathematical treatment of his transform, this manifesto will have to
suffice. Those of us cmploying this transform as embodied in the TEF ® analyzer can see, feel, and hear the
results. We suspect that full recognition of what has happened and what consequently can happen will take
until the year 2000 AD to flower. (AD stands for "agonizing delay.") #
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RALPH TOWNSLEY &HIS PEAK READING METER

James Michener has written that a young boy
is lTucky to find a grownup to follow as a
model .

One of the grownups I looked up to and still
do is Ralph Townsley, who, when I was a boy,
was the Chief Engineer of WBAA at Purdue
University. He had literally hand built the
station and his audio engineering ability
(in fact, his pure engineering ability) has
stood as a goal to strive toward for nearly
fifty years of my Tlife.

Recently, while visiting Raiph at his home

in West Lafayette, IN, (the town I was

raised in) I found that one of the two peak
reading VI instruments he had designed and
built over forty years ago could be purchased.
I quickly agreed and now have the remarkable
instrument shown in the photographs.

Ralph Townsley (L) with members of
the Indianapolis class.

It is in perfect condition and operates flawlessly. Ralph compietely reconditioned it, found new tubes
for it and catibrated it. This instrument gives the normal VI reading in VU on one meter and the true
peak value (in one cycle out of ten thousand) on the other. It can be set to hold the maximum peak,

. . : : . e o : indicate maximum and slowly return, or
indicate maximum and rapidly return.

We had used this instrument over thirty
years ago to demonstrate the then new
Altec condenser microphones to our Hi-Fi
customers in Indiana. We discovered that
a 200 watt tube type McIntosh gave enough
headroom on a Klipsch horn to never clip
and, as a consequence, generated less
audible noise from records and tapes as
the peak energy of the noise caused many
of the Tower powered amplifiers of that
day to clip.

Ralph conceived of, hand built, and used

this instrument to monitor his audio

quality to the transmitter. (Harry Miyahira,
President and owner of HME was privileged

to work at WBAA as a young EE student at
Purdue. )

Raiph Townsley is a quiet man, not given to promotion of himself. Men like Ralph seldom know the impact
their character and integrity have on others. 1 wish every young man with an interest in audio could have
a Ralph Townsley as his mentor.
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BOSE PATENT

Uni?ed S?ate§ Patent 4,490,843 granted to Amar G. Bose and Richard G. Plourde describes a loudness compen-
sation circuit that simply progressively emphasizes a peak centered at about 50 Hz and does nothing else to
the remainder of the spectrum.

¥ncreasing evidence is building that psychoacoustics allows usable results from relatively narrow band peaks
if they are centered at the correct frequencies and levels.

The sweet sounds heard in a concert hall are the results of comb filtering. Those who choose sound produc-
tion over sound reproduction should be able to find a significant marketplace for their acoustic illusions.#

CONCEPT OF POWERS

In dealing with the concept of powers, both electrical and acoustical, and their conversion into power
levels, we need to keep the following basic relationships in mind.

Electrical Power (Wg)
Electrical power is measured in watts (We). The familiar ohms law form encountered in many textbooks is:
Where:  We is the electrical power in watts
We = = E is the electromotive force in volts

. R is the resistance in ohms
Acoustical Power (Wg)

Acoustic power is also measured in watts:
Where: Wy s the acoustic power in watts

PrRMs is the sound pressure in pascals (pa) as a
(PRMS) 2 (area) root mean square value
pc Area is the area around the source having the
indicated Pgpms

pc is the acoustic characteristic resistance
in RAYLS (406 RAYLS for air at sea level)

Where: f is the frequency in Hz
PrMs = 21fApc
A is the RMS amplitude in M
Acoustic Intensity

Acoustic Intensity I is the power per unit area at some given observation point in watts per square meter
(w/M*).
P 2
La* = iﬁ%%§l— (at a radius r) *(I3 = 4I*F*A%pc)

Levels in Audio and Acoustics
In our work in audio and acoustics, level is always power level. A voltage amplitude, a sound pressure

ampiitude, étc., are first converted into a power ratio equivalent and then that power ratio is converted
into an appropriate level. These levels and their reference levels are Tisted below.

ELECTRICAL POWER LEVEL ACOUSTICAL POWER LEVEL ACOUSTICAL INTENSITY LEVEL
10 Log{ e Y _ | Log(— ) = | 10L\< la >—L
°Ng.ootw) - -dBm 10 Log\ggmzy) = Lw oI\ ggmTemz) T U

SOUND PRESSURE LEVEL

PRMS _ _ (PRMS) 2
20 L09<5j5555§“gx> = Lp Lp = 10 109 15750007 pATZ

Thus, we have both powers and power levels. We can calculate power levels either from powers or from
amplitudes by using the appropriate muitipliers. In the Tatter case, the impedance of both the measurement
and the reference must be the same.

We hope these definitions, equations, and this discussion help you sort out the differences between these
valuable parameters. #
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ADAPTIVE PREDICTIVE
DECONVOLUTION PROCESSORS

These processors have typically been in the $12,000 to $24,000 category in the past and are now approaching
costs that can be considered in some special cases. We are reproducing below a portion of a specification
sheet from one of the most advanced and reputable producers of such devices. Note carefully that the
standard instruments are limited to 5 KHz and wider range units are a special order option.

It is our belief that somewhere in the not too distant future such processors will be both faster and
cheaper, hence, used frequently.

DAC 150
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Ceneral Description

“The DAC 150 is a second-generation adaptive digital filter system intended for applications in automatic
noise cancellation and voice intelligibility enhancement. This instrument is the fourth such filter
introduced by Digital Audio Corporation and incorporates features heretofore available only in units
costing two to four times as much.

The DAC 150 incorporates a large adaptive filter to provide precise noise cancellation automatically.
Reverberation, power line buzz, room noises, acoustic resonances, spectral distortion, channel interferences,
telephone line effects, music and general background noises are greatly reduced on voice signals without
operator tuning. The DAC 150 may be applied in the laboratory to pre-recorded tapes, in the field to real-
time voice communications, or in the studio to remote newscasts and interviews.

APPLICATIONS

VOICE TAPE RECORDINGS - taw enforcement and other voice
recordings made under undesirable conditions may be greatly
enhanced Body, transmitter, and room recordings often have disturbing
effects such as room resonances, reverberations, restaurant noise,
buzz, and air conditioner noise, to name a few. These noises are
substantially reduced making the recordings more intelligible and
tistenable Transcriber throughput is increased and fatigue reduced
Presentation to juries becomes more effective.

RADIO COMMUNICATIONS - The DAG150 is an automatic QRM filter.
Band edge ringing from strong adjacent-channel signals and co-
channel interference from FSK and CW are virtually eliminated. Multi-
path effects are convolutionat in nature and are similarly reduced. The
adaptive filter, furthermore, tracks the changing noise characteristics
and provides optimal noise cancellation without degrading the voice
quality

NEWS BROADCASTS - News recordings and interivews are often made

under undesirable acoustic conditions. Background noises and
acoustic effects may be removed by the DAC150, making these
recordings more presentable for broadcast. Remote newscasting, via
radio or telephone, often has telephone line effects, muffling, and
helicopter and other noises which may be greatly reduced by a
DAC150. The instrument may be left in the line as a filter and bypassed
when cancellation is not desired.

INSTRUMENT OPERATION

The DAC150 is an adaptive digital filter system. The precise filtering is
carried out by first converting the input audio signal into numeric (digital)
form 12,500 times per second and storing these samples in an internal
memory. The samples are arithmetically processed at a rate of 15 million
operations per second by a special-purpose computer. Noise com-
ponents are removed, leaving the residual voice samples intact. The
residue samples are subsequently reconverted to audio form for output.
The noise cancellation process carried out is adaptive predictive
deconvolution and is illustrated in the figure below. A large digital filter
predicts the signal slightly in the future, based on past samples stored in
memory The predicted samples are subsequently subtracted from the
actual samples, leaving only the unpredictable signal components as
the residue. The residue is, furthermore, fed back, forcing the filter to
tune itself continuously for optimal prediction.

Additive noises, such as tones, buzz, and air conditioner noise, and
convolutional noises, such as resonances, reverberations and acoustic
effects, are very predictable and are cancelled by this process. Voice,
however, is more dynamic in nature and is not predictable. The voice
passes through the filter as the residue without cancellation or mod-
ification. Since the filter is continuously tuning .itself, it will track and
cancel slowly varying predictable noise's such as music and non-
stationary communications channel variations.

The DAC150 provides a NORMAL self-tuning speed for the majority of
noise and a FAST for rapidly changing noises. A panel-adjustable output
shaper allows the operator to reduce residual low-frequency and high-
frequency noises.

INPUT bl k v+ OUTPUT
' [ ADAPTIVE DIGITAL }________:, ' OUTPUT .
» ey
Voice + Noise FILTER Predicted Noise SHAPER Enhanced Voice
/ Feedback for Self Tuning Residue

Adaptive Predictive Deconvolution

{Voice with noise cancelled)
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THE LOUDSPEAKER THAT WORKS - BUT!

During one of the "hands on" sessions at the Hamburg Super
Workshop, one of Hellmuth Kolbe's Visonik David 6000s fell to
the floor. It still worked when picked up and might have indeed
been used by someone without test equipment -- but -- witness
the before and after data.

FIG. 1 - SN 680528 FIG. 2 - SN 680528
Good Speaker Good Speaker
Hellmuth (C) with Richard Heyser (L) and
X Jim Brown (R).
L T \ T FIG. 3 - SN 680528
A o U Good Speaker
1 1 \\”‘\Jﬁ\vn\ C
[T R I
S A |

Frequency Frequency

Vertical: 12dB/div with base Vertical: 45 degrees/div.
of display at -115.8dB. 0dB 0 degrees is at the dashed
is located at .775 Volts. horizontal line.

FIG. 4 ~ SN 680530 FIG. 5 - SN 680530

Retest After Drop Retest After Drop : TECRON TEFS 10

FIG. 6 - SN 680530
Retest After Drop

} \._./“‘\/’\\M o
F‘reqL‘(encv : F.requenc;/
Vertical: Linear amplitude. Vertical: 45 degrees/div.
0 degrees is at the dashed g
horizontal line. TECRON TEFS Tu
PARAMETERS FOR FIGURES #1, #2, #4 and #5 PARAMETERS FOR FIGURES #3 and #6
Horizontal: 0. Z5Hz to  19998. 10Hz Resolution: Z.1992E-01 meters & 1.073SE+O03Hz
scale: 2.12Hz/inch or 2150, 44H2/cm.

Z0dE of automatic screen gain.
Resolution: 3.1952E-01 meters & 1.07385E+03Hz

Fregquency rande: 20.35H: to 19998, 10Hz
Time of test: 8731 microseconds, 2.9947E+00 meters

Time of test: 8747 microseconds, 3.0002E+Q0 meters
Sweep Rate % Bandwidth: 10734.80Hz/Sec & 1.0000E+01Hz

Sweep Rate % Bandwidth: 10734,80Hz/Sec % 1.0000E+Q1Hz

Input configuration: Channel 1 Non—inverting
with 48dB of input gain % 21dB of IF gain. Input configuration: Channel 1 Non-inverting
with 48dR of input gain % 21dE of IF gain.

SMILE

1lity remains tong after the
forgotten
Sent in by: Harvey Earp, J. W. Davis & Company.
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SPEAKER DESIGN PHILOSOPHY

To be polite, we'll assume that what we are about to share is the result of differing philosophies and not
accidents that occurred.

Figure la is the ETC of a loudspeaker built by a southern manufacturer for use by musical groups. Using the
Heyser disc and an expansion of x4, we are able to see the signal misalignment between the woofer and the
high frequency unit. What kind of problem does this cause? Figure 1b reveals the end result. Our comment-
"Well, it's unlikely to 'feed-back' at that frequency." Figure lc is the linear frequency scale reading of
the same unit.

Horizortal:: 4000 microseconds toi Rorizental: | Auto 0.00 8z toi 14999.70 K Horizontal:! Auto 0.00 Ha to 14999.70 Hz
: : . 7150 microseconds Log: fre axis (2.7 decades) M : : 7 : : : : : :

" Sweep riangdy 0.0 Hz to 31669.70 Hz

L.og Fregquency - Fregquency

Time
FIGURE la. A monitor for FIGURES 1b and lc. Log & linear scales, showing the effect of the
musical sound market (4 x misalignment on the frequency response. The aberrations are every
expansion). Note severe 3000 Hz, but the one comb filter fell in the crossover region -——
misalignment. always disastrous.

Figure 2a is an ETC of an all cone signal aligned system by a New England manufacturer. This system exhibits
excellent control of internal reflections, alignment of drivers and networks. Figures 2b and 2c are made
out to 20 KHz and reveal a + 3dB behavior over most of the range.

Horizontal: 3000 microseconds to . Horizental: Auto D.00 Hz to 19998316 Hz Horizontal: Auto 6.00 Hz to 19998,10 Hz
: : I Linear Scale : : 1 1

L. i ... 6150 microseconds : % Lag ifeeq axis (2.7: decades]
Sweep tanga: 0,00 Hz to:31669.70: Hz - : : : :

—

: - ;

¢dp

1

Time Log Frequency Freqﬁenc§

FIGURES 2a and 2b and 2c show Log and linear scales of an aligned loudspeaker system.

FIGURES 2d and 2e show
the Eastern Acoustic
Works loudspeaker and
designer, Ken Forsythe,
under test.

Continued...
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SPEAKER DESIGN PHILOSOPHY (continued)

Figure 3a is the ETC of a Japanese Manufacturer for a small near field type monitor.
version of +3dB to 20 KHz (log scale).

axis behavior to 30°.

Figure 3c,

-

Lds

]

: Vertidal: :6 dBfdiv : :
x§:$;221 fdgégavm1£roseconds to Horizontal: Auto G.0D iz to 19998 10 Hz
T Bido mlnroseconds eq ax1s (2 7'd9 ades) :

: Swéep range 0.00 HzZ to :
2 : 31669 70 Hz:"

Time

FIGURES 3a, 3b, and 3c.
response.

Ldgf

Log Frequency

A small "near field" monitor type loudspeaker.
The 2000 Hz dip is probably crossover problems again.

Finally an ETC of an American manufacturer who simply does not

believe in signal alignment.

See Figure 4.

A1l of this data was gathered in a single Syn-Aud-Con basics

class one evening.

We tried all of these units on voice as well.

While not quarreling with any of these approaches by manufacturers,
it was clearly manifest that the signal aligned units also sounded

the clearest on voice.

The last few years have shown us that there are indeed two major

schools of thought:
cultivating it.

one avoiding signal smearing and one
We have strong personal preferences in this

matter, but our real interest lies in what will be the final

judgment in the marketplaces.

#

Figure 3b shows another

however is the interesting one, revealing the on and off

Vertical: 12 dB/div : R
Horizontal: Autc (.00 Hz: to 19998 l( Hz
@gﬁmamsQ7MWMa) .

Laog Frequency

Note the exceptional off axis

Hortizontal:

)
LdB
_r_,.

gdB/div : : :
:1500: m1croseconds to :
14650: mitrdseconds: 1
Sweep range 0 OOHz to 31669 70Hz

Vertical:

FIGURE 4.

Time

No attempt is made to

align a multi-coned speaker system.

CONVERTING AN EIA SENSITIVITY RATING
AND THE "ON AXIS" Q VALUE INTO AN Ly

In order to calculate Ly from a sensitivity rating Lgepsi
directivity factor Q (dimensionless),
general technique -- pink noise,

sine wave, warble tone, etc.

(i.e.,

x dB at y distance from Z watts) and a
it is necessary that both ratings be obtained by means of the same

When there is meaningful correlation between the two measurements (i.e., the sensitivity was read from the

"on axis" Q measurement),

Ly =

This equation is based on the fact that at 0.283m (i.e., 0.928 ft.),

(Lsensi at Ref. Dx and Ref. pwr.) -

{10 Log(Q))

for a source with a Q

then the following equation offers a quick way to obtain Ly:

Ref. Dx
* (20 L°9<0.928 ft.*>>

=1 (omnidirec-

tional) the numerical value of L, and Lp is approximately the same, within a few tenths of a dB.

bw = 10-12 watts

- 10 Log<acou5t1c power measured)

Therefore, we can also easily find the acoustic power in watts once we have obtained Ly.

1)
(10-12)(10<10 ) = acoustic power in watts

An interesting value to have in mind is that one acoustic watt is an Ly of 120 dB. #
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WILLIAM B. SNOW & THE ENHANCED ORCHESTRA

I can't remember the exact year but it was probably between 1968 and 1970 that Bill Snow of Steinberg & Snow
(Bel1l Labs) fame came to our house for lunch.

0f course, this was a thrill and we were avid listeners as he told us of his many years of research at the
labs during the formative years of the development of motion picture sound.

Bill Snow's discussion of the 1933 stereophonic broadcast was the most memorable. He said that the record-
ing and broadcast is remembered for its stereophonic aspect but what was most significant to him (and most
neglected--this is late 60's remember) was that the orchestra was enhanced by 3 dB. leopold Stokowski was
the conductor. Stokowski wrote in his book entitled Music For All Of Us (Simon & Schuster, New York, 1943)
"When electrical instruments are relatively perfect, they will free musicians from our present constant pre-
occupation with the imperfections and technical difficulties of instruments. We shall be able to give all
our feeling and thought to the inner essence of the music, because the instruments will respond with extreme
sensitivity to every difference of feeling in the player and the music.”

The new concert hall (multi-purpose) being currently built in Munich (acoustical consultant is B.B.M.Mueller
of Craemer & Mueller fame) will include Dr. Ahnert's Delta Stereophony system. One of the uses of Delta
Stereophony, among other uses, will be to enhance weak instruments in the orchestra, or to quote Leopold

Stokowski, "..... free musicians from our present constant preoccupation with the imperfections and technical
difficulties of instruments." #

TEST OF JBL 4660 LOUDSPEAKER SYSTEM

The JBL 4660 loudspeaker system was measured at the Loudspeaker
Array Design Workshop and found to be an exceptional system. In
fact, whenever you can use its special coverage pattern and have
the correct mounting height, your design is successfully done.
What impressed us the most was remarkable uniformity from the
front of the area covered all the way to the rear of the area
covered. Shown in Figures 2a and 2b are the magnitude and

phase response. Listening tests reveaied that this unit sounds
as good as it tested. A series of these scaled to various sizes
and shapes of auditoriums would solve many a system design

problem. #

w
Horizontal: Auto 0.00 Hz to 14999.70 Hz Horizontal: Auto 0.00 HZ to 14999.70 Hz.
: . Linear scale ko . P :
: {I \
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HEYSER DISC DISPLAYS

The various versions of the o o Horizontal: FFT frequency in Hz
Heyser disc for the TEF analyzer S : Scale: 2500 Hz full scale
continues to offer access to : : . B ’
every electrical and acoustical
measurement known to mankind.

Used as a digital oscilloscope ’—*’\
(see Figure No. 1), it can v \
also provide at the press of T
a few keys the FFT version of
the same signal, showing us
the fundamental and second i
harmonic {the fundamental is IE
defined as the first harmonic) :

see Figure No. 2. C 0 FIGURE NO. 1 RMA; r ; "FIGURE NQ.2
L e e flaaa L

Freguency Freguency

r__

1218

»’

Heyser recently introduced in
his latest disc the "Unwrap

mode" wherein he corrects the 1: /
phase vs frequency PFC j R
relative origin time in the

show mode (see Figures No. !

3a and 3b. This allows the
TEF user to go to the review
mode, finish “tuning in"
silently and then turn back
on for one more test, which
will be "right on the money."
This is accomplished via
computation and allows you

to keep the new delay offset

) v S A T T T
after it is computed and NN /A N r T T T ETGURE NG Z3b
displayed.  # © | FIGYRE ¥O. ] e

Frequancy Freqguency
Vertical: 45 degrees/div Vertical: 45 degrees/div
0 degrees is at the 0 degrees is at the
dashed horizontal tine. dashed horizontal line.
Horizontal: Auto 0.00 Hz to 19998.10 Hz Horizontal:Auto 0.00 Hz to 19998.10 Hz
Time of test: 200 microseconds Time of Test: 0 microseconds

OLD AND NEW MICROPHONE RATINGS

The old microphone sensitivity rating of RMA was:

_ Eo ) _ _
GM = 20 LOG<—$-> 10 LOG RMR 50 dB
Where: Gy is the microphone's electrical available input power level expressed in dBm

when driven by a sound pressure P referenced to 0.0002 dynes per square centimeter
(10 dynes/CM*> equals an Lp of 94 dB)

EO is: the open c¢ircuit voltage generated by a sound pressure of 10 dynes/CM?

R is the manufacturer's impedance rating for the microphone

i

-50dB is a constant that consists of:
-94dB (test Lp) - 6dB (open matched circuit difference) + 20 LOG (10 dynes/cm®) - 10L0G (0.001w)

Present Day Nomenclature
EIA rating (RMA) is equal to:
Gy = 20 LOG E, - 10 LOG Ryg - 70 dB
(Ep)?
which is derived from: GM = 10 LOG <§Tﬁﬁf7§;) -~ 6.02 dB - 94dB
where: E, is generated by an acoustic input of 1 pa (10 dynes/cm?*).
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RADIO PHYSICS COURSE 2nd Edition 1932

by g‘
Alfred A. Ghirardi, EE v /—’_\_ , FINAL SOUND OUTPUT
o
X @ FREQUENCY —» w AMPLIFIER
This volume was found SPEAKER RESPONSE 2
in the rear of a used g LOUDSPEAKER
bookstore in Gettysburg, g w
PA. It includes pic- = FREQUENCY—
tures and details of N
the original Western a
Electric sounq equip- § Fig. 364—The frequency-response of the audlo
ment for motion pic- FREQUENCY ——» amplifier (B), and that of the speaker
tures  marketed under (® AUDIO SYSTEM RESPONSE (A), must both be considered, since
the Electrical Research » the results obtained (C), is really the
w combustion of both. The r-f amplifier
1Prgdt}1cts, ItInC]' ,0 Egﬁ} % should also be considered, since the
abel. a S ¢ 4 high audio frequencies will be lost,
tains Whaﬁ must surely ol it sideband suppression takes place
be as early a Y‘eferer}ce o in the r-f amplifier. Deficiencies in
to system equalization FREQUENCY =~ the frequency response of the
as it is possible to ©RESPONSE OF ENTIRE SYSTEM speaker may often be compensated
find (see figur‘e). for in the r-f or a-f amplifier.

The section on the deci-
bel is far better written than most modern texts with a very clear explanation of where the multiplier 20
comes from and what the difference between voltage amplification and power gain is. #

THE VELOCITY FACTOR C; IN TRANSMISSION LINES

The velocity of electromagnetic waves in free space is 3 x 10°® M/S, 0.186 x 10° M/S, or 982 x 10° F/S.
The velocity ¢ of an electromagnetic wave on a transmission line is found by:

1 7 Where: L is the inductance in Henrys per unit of length.
2 LC C is the capacitance in Farads per unit of length.
¢ is the velocity of propagation.

The velocity factor cf is found by the ratio of the velocity of the electromagnetic wave in the transmission
Tine to the velocity of the electromagnetic wave in free space.

¢ in Tine
¢ in.free space

cf =

Typical cf for coaxial cable of the type used by broadcasters and telephone companies range from 0.66 (i.e.,
66%) to 0.78 (i.e., 78%). These values for c¢f allow us to find the time per mile in microseconds (usecs) by

1 sec 1,000,000 usec s
186,000 m T sec 5.38 usec/mi
in free space. For a transmission line with a cg = 0.66, we find 5.38 x 6155' = 8.15 usec/mi
and for a transmission line with a cf = 0.78, we find 5.38 x 617§' = 6.9 usec/mi

Telephone company “Toaded" cable can drop significantly lower in cg (i.e., Tonger in transmission time).

In the transmission of stereophonic broadcasts, the accidental routing of the'two channels over routes of
differing length can cause very real phase cancellation problems. Delays of from 20 to 30 usecs between
channels can wipe out the entire upper spectrum. Note that it doesn't hurt for both channels to be delayed
but that the delay between them is the problem.

The current Belden Master Catalog 885 lists the cf of many cables as well as the rise time per unit of

length. (Belden Electronic Wire, P. 0. Box 1980, Richmond, IN 47375.) An excellent discussion of trans-
mission lines is in the Handbook of Electronics Calculations, Kaufman and Seidman, McGraw Hill publishers. #

SMILE

"A Bit of Nonsense" from Newsletter Volume 12, Number 4, should read "A Bit of Fact!"

Alan Seipman, Taft Broadcasting #
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SPECULAR REFLECTIONS

In large halls we use limited bandwidth frequency sweeps to obtain a Targe time window (Tw) ETC display.

Tw = (400) [ﬁz—f—ﬁy}

Since D = ¢T Where: D is the distance
¢ is the velocity
T is the time

the distance represented by the Ty is found by: D = ¢ Tw

ETC measurements are "frequency blind." When looking at the energy returns from the surfaces of a large hall,
we can therefore obtain some frequency information by dividing the bandwidth used into frequency zones. By
using such "zones," we can be assured that the energy returned is at least within that frequency zone. For
example, if we wished to Took at a bandwidth of 2000 Hz:

Zone #1 . . . . . 0 - 2000 Hz Zone #4 . . . . . 6000 - 8000 Hz
Zone #2 . . . . . 2000 - 4000 Hz Zone #5 . . . . . 8000 - 10,000 Hz
Zone #3 . . . . . 4000 - 6000 Hz

Each zone would have the same Tw and D but different frequency information.
This rough "first cut" could serve as an excellent gquide to:
1. What "time areas” to investigate with increased resolution.
2. What frequency areas are providing the greatest energy returns.

When narrow ranges of frequency are swept, remember that the "line spacing" (Ls) and the "Tine width" (Lw) on
the ETC display are larger than those obtained using wider frequency ranges.

Frequency Range of Sweep Ls Lw o Tw
0 - 10 kHz 100 usec 136 usec 40 msec
0 - 2 kHz 500 usec 680 usec 200 msec

Use of the ETC measurements made in this fashion can lead to remarkable insights into the location of a room's
critical frequency (fc) and, subsequently, the energy returns from the diffuse field and the specular reflection
field can bé separately identified. With the introduction of Peutz's new "running integration" of these ETC
plots, the door is wide open to the development of important new criteria for the objective judgment of
acoustic environments. ¢

HOOSIER WITH AN IDEA

Wayne Staley is an energetic young Hoosier with
an idea. The arrangement shown here should
indeed reduce detrimental interaction at all
frequencies above the barrier's wavelength.

-y , , Sonex on the sides of the "enclosure" will handle
e & , ‘ . . high frequency reflections. Wayne went to a lot
of work to model his idea. #
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CALCULATING FILTER BANDWIDTHS

There are two basic types of filter bandwidths encountered in audio devices. These are:
1. The constant bandwidth filter (CBF). 2. The constant percentage bandwidth filter (CPBF).

The constant bandwidth case is simply the assignment of an equal number of Hz to either side of the center
frequency (fc) thus generating a Tow frequency limit (fy) and an upper frequency limit (fy). These limits
are the points at which the Tevel has dropped 3 dB, i.e., the -3 dB frequency.

The Constant Percentage Bandwidth Filter

In the case of the (CPBF), the fp, and fy relative to f varies exponentially.

1
)
The general case equation is: fLIMIT = b N fc

Where: fpqyrp is either fy, or fy (a plus in the exponent
yields fy; and a minus yields fp)

b is the base of the system (i.e., 2 for octave
band systems and 10 for decade systems)

N is the reciprocal of the fractional octave
or in the decade case 3-1/3 times the reciprocal
of the fractional octave desired (i.e., a 1/3
octave filter is actually a 1/10 decade filter,
thus N = 3-1/3 x 3)

Examples

What is the bandpass of one octave centered on 100 Hz?

__1_]
f, = 2 [2-1 (100) = 70.77 Hz
1
+L?7ﬂ
fy = 2 V-U(100) = 141.42 H2
141.42 - 70.77 = 70.71 Hz

What is the bandpass of a 1/10th decade filter centered on 100 Hz (i.e., a 1/3 octave equalizer)?

N o= 3-1/3x3 = 10
f,o= 1072 0 100900) = 89.13 Kz
fy = 10722 © 10100y = 112.20 Hz

112.20 Hz - 89.13 Hz = 23.08 Hz

(i.e., a so-called 1/3 octave filter set with filters that are actually 1/10th decade filters has a 23%
bandwidth.)

A Caution

Remember in doing these calculations that the f¢ used should be the appropriate Remard number, not the Zabel
value. The advent of the modern hand held calculator has fortunately put exponential calculations within the
reach of anyone willing to spend but a few minutes practicing them.

LONG - WICKERSHAM PATENT

Fd Long and Ron Wickersham have been issued a patent for a "method and apparatus for operating a loudspeaker
below resonant frequency" -- United States Patent 4,481,662. For a closed box system, the drive signal is
equalized by double integration resulting in a flat response below resonance and a 12 dB/octave roll off at
higher frequencies. Through the use of double integration, the signal delay associated with conventional
networks is substantially reduced. A1l you subwoofer builders should be alert to what Ed and Ron have to
offer your efforts. #
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THE SYN-AUD-CON MANAGEMENT FORUM

A worthy addition to the Titerature of "Murphy's Law" is this study in depth of projects and their mismanage-
ment. Many texts are available on the subject of management and academia has established elaborate manage-
ment courses. What's astounding in all this is that, like so many things we are taught in school, real 1ife
is just not like that. Management is easy to cope with but what a majority of us face in real 1ife is having
to live daily with mismanagement. Learning to understand the cardinal principles of mismanagement leads to
an understanding of its basic nature and can lead in extreme cases to becoming the mismanager of your own
business. It's in this spirit that we present the following fundamentals:

The Seven Phases of a Project

1. Wild enthusiasm 5. The punishment of the innocent
2. Total confusion 6. The departure of the competent
3. Disillusionment 7. The promotion of the non-participants

4. The search for the guilty
The steps above are those most often encountered in free enterprise, private, profit seeking ventures. When
the enterprise is a monopoly or a governmental one wherein profit elicits a sneer, then the following rules
seem to apply:
The Three Classes of Employees in Non—Profit Organizations

1. The F.0.F.'s - (One translation is "Faithful 0ld Followers") -

2. The Golden Boys - (Those selected at the outset to rise to the top by having
met whatever "Good 01d Boys" c¢riteria are present)

3. PO-PO's -~ (The "poo-poos" are the pee'd on and passed over group)
One remarkably insightful rule that appiies universally to all groups fis:

"The boss may not always be right, but he's always the boss."”
and expresses succinctly the reality of our society. One of the most illuminating experiences there is results
from a close association with employees while you're their boss followed by further close association after

you've resigned and taken up other work. The filter in the feedback path to the boss is a remarkable mental
mirror of what the boss projects carefully adjusted to entertain, not inform. #

THE PRESSURE ZONE IS FREQUENCY DEPENDENT

Referring to the table on dB addition in original LEDE Tech Topic V8 N2, in figure 1 we find that 60° is
with 1.0 dB of coherent addition of two signals. One wavelength of 40 Hz is:

_ 1130 _ )
Ao S = 28.25
360° :
and ﬁo = 6
Therefore, 28é25 = 4.71" as a logical depth of the pressure zone for 40 Hz. Using the same reasoning

we would find: '

(1130)
1000°/6/12 = 2.26"

/6)12 = 0.23"

10000
_ <(1130 »
X 20000’ /6/12 = ©.11"

As we have indicated previously, the pressure zone can be effectively used for subwoofer response in small
rooms with sufficiently rigid boundaries - basements or in automobile interiors.
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TO KILL AN IDEA ‘ "Ihaveqnidea“."

Ideas are universal. The "why" behind American industries'

problems with competition from abroad is enshrined in this illustration.

" word of caution...” A dittle to0 radical...” | “f fike it myself, but.,.” “We tried something just fike that onge:..”

“Let me play devi's advocate...” "I's just not us...” | wish it were that easy..” "Oh, it was just an idea...”

TYPICAL AVERAGING TIMES ror 1/3 ocTAVE ANALYSIS

If it is desired to obtain a 1/3 octave measurement of similar accuracy with respect to level as that obtained
by TEF® analysis, Bruel and Kjaer suggests around 500 samples (Ng) as a realistic statistical base. Bandwidth
(B) and averaging time (Ta) are related to this sampling in the following manner:

Ne = B(Ta)

From this equation, it can be seen that to have an accurate estimate of a 1/3 octave band's level at 100 Hz
(bandwidth 23 Hz) would require
Ng [500

8 k~§§} = 21.7 secs

While for 1000 Hz (B = 230 Hz), the averaging time required would reduce to:

{g%%} = 2.2 secs

And finally for 10,000 Hz (B = 2300 Hz), we find

500
2300

m] = (.22 secs

of averaging time required.

This is, of course, why those Tow frequency markers jump around so randomly on your 1/3 octave real time
analyzers with the one to two second integration times while the high frequencies seem relatively stable.

While there are those who think they are measuring low frequencies with such units, they can learn better with
experience. ¢

~23-
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MATHEMATICAL OPERATIONS

Add
Adding is taking the sum of two numbers (1 + 1 = 2) or counting the total number.
Subtract
Subtracting is changing the direction of addition from 0° to 180°.

2 marks +

T
-ttt
-4 .3 -2 -1 -0 +1 +2 +3 +4

| S

3 marks -

+2 -3

means do two marks in the positive direction from zero followed by three marks in the negative direction
from the last positive mark you were at (+2). This results in a final position on the marks of -1.

Multiply

Multiplication is a form of repeated addition.

A1l mean add three sixes together: 6 + 6 +6 = 18.

Divide

Dividing is a form of repeated subtraction.
(6 + 3), (6/3), _3[6

A1l mean find the number that when subtracted from 6 3 times results in zero.
+6-2-2-2=0

Powers

Taking numbers to higher powers (exponents) is a form of repeated multiplication.

2(4), 2 exp 4

Multiplication No. 1 2 3 4
ATl mean multiply 2 by itself 4 times.

Multiplication 2x2x2x2=16

Roots
Roots are a form of repeated division.

16 VA /TE | 16 exp 0.25

A1l mean find the number that can be divided into 16 four times and results in zero.

Logarithms

Taking the logarithm of a number is a méthod of expressing that number as an exponent of some chosen base
number.

Using the base 10 allows simple illustrations to be formed. 10 x 10 = 100 = 10°

LOG%Q 1%? = 2
base  number logarithm

Logarithm operation means take the LOG of the number to the base.

Antilog

The inverse of this operation is the number ratio expressed as an exponent of the base.

Log™ Y, antilog, all mean 100/1 = 10%?)

1\

antilog

Continued on next page...
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MATHEMATICAL OPERATIONS continued
Log Multipliers

In audio and acoustics we use logarithmic multipiiers such that:

M LOGb a/c = NM
Where: M is the multiplier

LOGb(a/c)M is identical to M LOGb ajc
b is the base (may be any value other than zero or unity)
a/c is the ratio being converted into a logarithm

NM is the logarithm times the multiplier
Antilogs of Multiplied Logarithms
Step number one is to remove the multiplier so the quantity can be treated as a normal Togarithm. The inverse

operation, of course, is division so that:

M

n o N 1is obtained

Then the antilog is found by the standard method: bY = a/c

These two valuable tools are written as: M LOGb a/c = NM (Tog form)

g
ptM (antilog form)

]

a/c

Complex Numbers
Complex numbers are numbers with more directional information than conventional numbers. Complex numbers can
be written as:

x + jy (rectangular form)

or as: 7 or A el0

polar form
or as: Zor A Aél ]

Just as in the case of the plus symbol (an instruction to go toward zero degrees) and the minus symbol (an
instruction to go towards 180°), the 7, £ or V-1 symbol instructs you to go up to 90° (+j) or -90° (-5) on
the argand diagram.

+90 (+7)

R R Zor A

o
189 — 0
(-) X (+)

290 (-)

The diagonal formed inside the rectangle outiined by x + fy is called a "vector" and is used in audio and
acoustics for impedance (Z), amplitude (A), and other complex quantities. The symbol o indicates the angle
between the 0  axis and the vector. o can be expressed in degrees or radians and ‘when radians are used,
the notation:

elo

is commonly employed.

et® = 8 = arc tan %
and

x = Zor Acos o

y = Zor Asineg
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LOUDSPEAKER IMPEDANCE MEASUREMENTS

Tecron demonstrated its special impedance measuring
cable (see Fig. #1) (measures accurately up to 2009
for the TEF® analyzer. The uniqueness of this
cable is that:

1. The loudspeaker is driven directiy from
the TEF analyzer.
2. 2 volts open circuit output results in a
reading of 1 per millivolt, thus allowing
the impedance magnitude, phase, and fre-
quency plus the reactive and resistive
values to be read directly from the
cursor's screen notation.
Example Measurements \
Fig. #2 1is the energy time curve ETC of the

impedance of a small Radio Shack loudspeaker. It's
evident that sufficiently short transients don't
see an impedance but pass straight through the
system.

a ] ’

o 1Zaz |7 '

rone | nev

orscrieTion

FIG. #1

TEF TEST
DEC OUTET .

HEAT SHEIHK JMALE BN
Neord

TuBI G \ \@THT;

=
i I ST

SHWELDS -

e

o f .
cuie B o S
by L CHEAT SR
. HEAT SHRINK TUBIMG
TUBI G
“ L SWATCHCRART
SET LR TeEF: AT HOUSIN G
‘)O\S?:T\FT@E»@E RO/
I INPUT BALANCED T Toe
B)Gaint; AS REQUIRED. S Lo A
crown T WEST M NOAT T Pone
. oty oA o r1my T3
LT T e B
T ForR \OYa UP O 200 CABLE TER AR MEAS\)E!)\Iql EE

FIG. #2

e PEAK E/JE’eGy

W_/‘ )7%JW

Vertical: b6dB7div with base of display at Z0.8dE
OdBE is located at 00002 Fascals
E Horizontal: O microseconds or O FT to

6278 microseconds or

scale: 1.939SE+00 FT/inch or 7.6357E-01 FT/cm.
1716 micronseconds/inch or 6735 microseconds/cm.
Line Spacing: 13. 2 microseconds ar 1.7778SE-2 FT
Line Width: 21.2971 microseconds or 2.41787E-2 FT
Sweep rate: SO0 .58Hz /Sec
TECRONTTEFN To—  Sweep range: -I1778.90Hz to  31781.00H

FiG. #3

7.095364 FT

The Nyquist phase plot (NPP) of the resistive and
reactive components of the impedance shows a low fre-
quency capacitive reactance phase angle of approxi-
mately -67.5° (see Fig. #3). Note also that we do not
have sufficient resolution (the sweeping rate is too
fast at low frequencies because we want a quick over-
view of which frequency ranges to sweep slowly later).
Fig. #4 is the "magnitude” of the impedance from 70 to
10,000 Hz.

TECRON TZFRI0

Resolution: T.9720E+0L FT % 1.4179E+01H=z

12dB of automatic screen gain.

Frequency range: 6F.60Hz to 10001, 20Hz

Time of test: 0 microseconds, O,0000E+00 FT

Z200.92Hz/Sec % 1.417SE+01Hz

Sweep Rate % Bandwidth:

Fig. #5 is the phase angie versus frequency curve (PFC).

Resolution:
Time of test:

Sweep Rate % Bandwidth:

TECRONTEF™ {0

7.9720E+01 FT %

Q@ microseconds,

1.4175E+01Hz

0. CO00E+OQ0 FT

200.92Hz/Sec & 1.4173E+01Hz

e FIG. #4 FIG. #5
\ 60 D — ! MAGNITUDE
- v 7‘_\ N 2
\ L - TN
1\ /// ha Parameters for Fig. #4 and Fig. #5: .’ ~3
ey \\\“\“"// Horizontal s 69.60Hz ta  10001.20Hz w1 .
k\\_ 2 5 Log freg axis (2.7decades) I3

TECRON TEF~ 10

At this point in the measurement process we chose to sweep from 70 Hz to 248 Hz at a sweep rate of 5 Hz/sec

with a bandwidth of 2.2 Hz.

(10,000 - 70)

60

As it was, the sweep took:

—26—

33.1 minutes

35.6 secs

If we had swept the wider range at this rate, each sweep would have taken

Continued next page...
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LOUDSPEAKER IMPEDANCE MEASUREMENTS continued

Note here that we now have a much higher resolution measurement of both the frequency and the magnitude of
the resonant peak (see Fig. #6). It takes 84 Hz 12 msecs to produce a wavelength and our Tp for this

§gﬁ%7%%? = 440 msec

14 Hz

Qur eariier measurement had a Tp = = 70 msec
R 200 Hz/sec
Vertical: 6dB/div with base of display at Z9.9dB
OdE is located at .00002 FPascals
FIG. #6 FIG. #7
Horizantal: 4£9.560Rz to 248, 42Hz -
scale: 48.89Hz/inch or 19.28Hz/cm.
Resolution: 5.0487E+02 FT 2 2.238ZE+00Hz
/—“3_2 IS HZ Time of test: O microseconds, 0.0000E+00 FT
HE 5
Sweep Rate % Randwidth: 5.01Hz/Sec % 2.23I82E+00H:z .
120 HZ-
/’—~ 29.& A
o Vertical: &dBE/div with base aof display at T9.9dE (48 S
] ) OdB is located at .0QOQOZ Pascals 1 - e e
ISP Horizontal: 1000, 12Hz o 10001.20Hz
znn.__ S scale:  2460.98Hz/inch ar 948, BIHz /om.
Resolution: S.0487E+01 FT &  2,2382E+01H:
Time of test: G microseconds, O.0000E+Q0 FT
TECRON TEFF 10 . TECRON TEF™ T
Sweep Rate % Bandwidth: S0O.10Hz /Sec & 2.2382E+00H:z

Fig. #7 is the high frequency resonant peak done at a slower sweep and higher frequency resolution. Note
here that the high frequency resolution was sufficient in the earlier measurement. These last two figures
both have linear frequency scales whereas the overview figures are Togarithmic frequency scales.

FIG. #8
Vertical: 12dB/div with base of display at 27.9dB
0dB is located at .0O0G00Z Fascals
Horizontals: 69.60Hz to 2501.37H=
scale: 6634.87Hz/inch or 261.76Hz/cm.

Resolution: S.S5640E-01 FT & Z.0Z09E+03IHz

Time of test: 1101 microseconds 1.2445E+00 FT (front?
to O microseconds 0.0000E+00 FT (back)
~Z4 microseconds/step or—.040144990706% FT

Sweep Rate % Bandwidth: 2070.90Hz/8ec % 1.0000E+OQOOHz C“rw:. ©¢q . Lt ea )

Finally, a 3-D view of the impedance magnitude {see Fig. 8). An interesting point here is that the time
window Ty being used here is 493 usecs. This Ty is being "stepped along" at 36 usecs per step. Thus, the
low frequency dip at the Tow end is 669 usecs minus 493 usecs equals 176 usecs, i.e., the value shown on the
ETC.

Generation of a set of meaningful réference curves for loudspeaker designers could be one of those projects
worth a TEF analyzer user's spare time. #

CLASSIFIED

FOR SALE: Altec Master Test Set which includes 1/3 octave filters, 1 octave set,
meter attenuator, hi & lo pass filter set. Also other 1/3 octave filter
set. Make offer.

CONTACT: Mike Suliivan, Thunder & Lighting (713) 529-8402.
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SYN-AUD-CON SPONSORS

Syn-Aud-Con receives tangible support from the audio
industry, and eleven manufacturing firms presently
help underwrite the expense of providing sound engi-
neering seminars. Such support makes it possible to
provide the very latest in audio technology while
maintaining reasonable prices relative to today's
economy and to provide all the materials and contin-
uing support to all graduates of Syn-Aud-Con.

Personnel from these manufacturers receive Syn-Aud-Con
training which provides still another link in the
communications circuit between the ultimate user and
the designer-manufacturer of audio equipment. They
are "in-tune" with what a Syn-Aud-Con graduate needs.

Their presence on this 1ist as a Syn-Aud-Con sponsor
indicates their desire to work cooperatively with you
in professional sound.

Bose Corporation
Community Light & Sound, Inc.
Crown International, Inc.
Emilar Corporation
HM Electronics, Inc.
Industrial Research Products, Inc.
JBL Incorporated/UREI Electronics

Neutrik Products
Shure Brothers Inc.
Sunn Electronics
Switchcraft, Inc.
TOA Electronics, Inc.
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