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Latest techniques Iin stereophonic sound

Over 50 pages on improving your hi-fi system



from the

audio research center
of the world

NOR

components
engineered by Philips of the Netherlands

A\ the world’s s i e the new
ickup cartridge @ STEREO '‘CONTINENTAL’

e 1 9 3-speed portable
stereophonic
tape recorder

. Every feature of the world-famous
‘Continental'— plus
N\ stereophonic playback!
\ Every art, craft or technology tends to have its world

center, where it is carried to its highest degree of devel-

a new MAGNETO-DYNAMIC design

-, Mich cartlbee 1s th " opment. In automobiles it's the United States . . . in
?isne:tsa"r"d';h;a{h:N?R'ESLC:i:‘:Le 2 watches it's Switzerland . . . in cameras it's Germany . . .
world’s second finest and in the relatively young science of high-fidelity sound

reproduction it's the Netherlands, where the renowned
firm of Philips, world's largest electronics concern out-
side of America, has in just a few years opened up
entirely new avenues in audio technique. The new audio
tube types used in the finest amplifiers throughout the
world . . . the new ferrite materials which are rapidly
superseding conventional magnets in many high-fidelity
components . . . these and many other basic advances
in the field of electronic sound reproductions are largely
Philips developments.

Horelco
R

All NORELCO high-fidelity components are designed
and engineered by Philips of the Netherlands. They
represent the collective know-how of the world’s most
forward-looking electro-acoustic research group. That
means more than just ivory-tower superiority, as in-
dicated by initial performance characteristics in the
laboratory — it means practical excellence, under the
most varied and haphazard conditions of use, year after
year, without change, and at a price which the typical

music lover or hi-fi enthusiast can realistically afford. lougspea!(er enclosures :
yr acousticaily engineered to match the bass
characteristics of NORELCO loudspeakers . . .

4 4 available in three sizes . . . mahogany, walnut
A4 i and blonde finishes . . . can be piaced
/{“ i horizontally or vertically

frs loudspeakers

the only moderately priced line of 5” to
127 speakers with dual cones for fuil-
range response . . . extra-long air gaps for

Ve \
perfectly controlled movement . . . Ticonal \ ) ¥
magnets for maximum efficiency and
damping . . . and that unexaggerated “ J X ‘
“European’ sound .‘" v .
4 ) "
For detailed specification sheets and all other information, write to De pt. 4¥, . :

NORTH AMERICAN PHILIPS CO., INC., High Fidelity Products Division, 230 Duffy Avenue, Hicksville, L. 1., N Y.
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Learn Radio-Television
Servicing or Communications N
by Practicing at Home

in Spare Time

N.R.I. SENDS kits with which you prac-
tice building circuits common to Radio
and TV sets. You LEARN-BY-DOING
to locate Radio-TV troubles. As part of
N.R.I. Servicing Course, you build Vacuum
Tube Voltmeter and AC-DC receiver. Use
VTVM to conduct experiments,
earn extra money fixing
sets in spare time. o
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RADIO-TV BROADCASTING (see above) offers
important itions as O(ferators and Technicians.
RADIO- SERVICING Technicians (see below)
needed in every community. Their services are
respected, their skill appreciated.

N.R.l. TRAINED THESE MEN FOR SUCCESS

*‘Doing spare time re-
airs on
*2Soon servicing full
time.” CLYDE HIG-
'\ GINS, Waltham, Mass.

"I was repairing Radios

by 10th lesson. Now

- have good TV job.”

.~. M. R. LINDEMUTH,
A"\",NL Fort Wayne, Ind.

*I had a successful

Radio repair shop. Now

I'm Engineer for '®
WHPE.” V.W.WORK. .
MAN, High Point, N.C. -
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““There are a number of
NRI graduates here. 1
can thank NRI for this
job.” JACK WAG- X

NER, Lexington, N. C. b

VETERANS Approved Under G.1. BiII;
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Fast Growing Field Offers

6%

&
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You

Good Pay, Success, Bright Future

Bigger than ever and still grow-
ing fast. That’s why Radio-TV
has special appeal to ambitious
men not satisfied with their
job and earnings. More than
4,000 Radio and TV stations.
More than 150 million home
). E SMITH and auto Radios, 40 million

: TV sets. Color TV promises

Founder added opportunities. For the
trained man, there are good jobs, bright fu-
tures in Radio-TV Servicing or Broadcasting.

Training PLUS opportunity is the ideal
combination for success. So plan now to get
into Radio-TV. The technical man is looked
up to. He does important work, gets good

. pay for it. Radio-Television offers that kind
; of work. NRI can supply training quickly,

without expense of going away to school.
Keep your job while training. You learn
at home in your spare time. NRI is the
OLDEST and LARGEST home study Radio-
TV school. Its methods have proved success-
ful for more than 40 years.

adio and TV.

National Radio Institute
Dept. 8MD6 Washington 16, D. C.

Added Income Soon - $10, $15

a Week in Spare Time
Soon after enrolling, many NRI students
start to earn $10, $15 a week in spare time
fixing sets. Some pay for their traming and
enjoy extra luxuries this way. Some make
enough to start their own Radio-TV shops.
NRI training is practical —gets quick results.
Easy to understand, well illustrated lessons
teach you basic principles. And you LEARN-
BY-DOING by practicing with kits of equip-
ment which “bring to life” things you study.

Find Out What NRI Offers

NRI has trained thousands for successful
careers in Radio-TV. Study fast or slow—as
you like. Diploma when you graduate. Mail
coupon now. Paste it on a postcard or mail in
envelope. ACTUAL LESSSN FREE. Also 64
page catalog that shows opportunities, shows
equipment you get. Cost ofP NRI courses low.

Easy terms. NATIONAL RADIO INSTITUTE,
Dept. 8MD6, Washington

Mail me Sample Lesson and 64-Page Catalog l ;“"“id 2
FREE. (No salesman will call. Please write plainly.) \-‘\s;"““"\\m :
A Wx
» wo! pate — = Age 1 ?"‘“\\\\Q\}l‘s‘“
Address__ o= N L

oy

_Zone State._____.

P e o e e ———

£ ¥
Accredited Member National Home Study Council = ™™ 4
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ANY FIVE

of these superb | Classical High-Fidelity

COLUMBIA ..« EPIC RECORDS . o398

if you join the Columbia (p) Record Club now — and agree to purchase 5 selections during the coming 12 months

BEETHOVEN: EILTECSR TN vAdRd | RACHMANINOFF:
EMPEROR CONCERTO || BEERIY: Med'2 2 ik uod i30SI || Rhapsody on o Theme of Poganini
FRANCK: Symphonic Variations

CASADESUS, Plano L. e
MITROPOULOS (

. AT ¢ M

) Yl LEON

ROSSINI: WILLIAM TELL AND

SARBER OF SEVILLE OVERTURES NEW WORLD
DONIZETTE: DAUGHTER OF THE SYMPHONY
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SCHUBERT: MARCHE MILITAIRE Vv Members
TCHAIKOVSKY: MARCHE SLAVE regularly enjoy
| STR‘USS RADETZKY MARC! A performances by
v L]
i

great artists
ORMANDY - PHILAGELPHIA ORCH. *

e
BRUNO WALTER ‘, dh e like these:
FLEISHER, piano '-' 5 (; [ CONCERTGEBOUW AND

1o/ m l“‘" KEMPEN | o MOUREUX ORCHESTRAS

CLEVELAND ORCHESTRA, ‘SZELL

MOZART " FINLANDIA|[[D&3 W LEVANT PLAYS GERSHWIN “"‘ég:;g?{"gehww
REQUIEM TChkaVSky SIBELIUS fumwon 5 oM $ir Thomas
UNO {3 - o WAN OF TUONELA 8 0 2US NG

N oalb ot PATHETIQUE ([t e rns | - A NG Beecham, Bart.

Eduard van Beinum
Leonard Bernstein
y E. Power Biggs
AR A COMCERIC N ¢ ¢ Budapest String

WESTMINSTER CKOIR

‘#ay STMPHONY

)€ Mitropoulos,
New York. E ) v AN P KAN W PARS Quartet
Philharmonic Philadelphia Orchestra- Ormandy . Robert Casadesus
Pablo Casals

Zino Francescattl

“The finett sellction. of Clmeican aud. Einopean clasical reemds v
. wovolfmed oy the wordds dongert recond club i s

Clara Haskil
1 Musici

| - Paul van Kempen
DAVID OISTRAKH , PURTS UF cAll | Albert Schweitz & ‘IRUDOLF SERKIN .
.. er & 5 AN Metropolitan
ISAAC STERN | 4 . |
2 MR oavet soLceo,  vaust, pavane - BEETHOVEN Opera Assn.

CHABRIER ESPANA IBERT" ESCALES BACH STRAVINSKY |
DEBUSSY CLAR DE LUNE Toccata, Adagio FIREBIRD SEITE * ’
|

M.‘\. i E§ | and Fugoe n C Minor SR TCHAIKOVSKY:
- -
o e

“MOONLIGHT" Sonatd
v “PATHETIQUE" Sonata
-+ “APPASSIONATA" Sonata

Dimitri
Mitropoulos
N.Y. Philharmonic

Fugue in A Minor ROMEC AND JULIET David Oistrakh

; LEONARD BERNSTEIN - Eugene Ormandy
Fanfasa and ugue | NEw YoRK PHILHARMONIC BLO I XIXY| rhiladelphia orch.

Royal Philharmonic

TCHAIKOVSKY serenade 1n ¢ major SCHUBERT: Albert Schweitzer
BORODIN nacturne BARBER adagin iy " .
TRl | “UNFINISHED™ SYMPHONY | Rudolf Serkin

VIVALDI: Concerto for Two Viokins
BACH: Violin Concertos 1 and 2
Philadelphia Orchestra - Ormandy

in G Minor

—

DEETHOVEN: QUARTETS 93 11 N s [ .
SRR HAYDN e | DEBUSSY: La Mer

Cormrics” RAVEL: La Valse |IMENDELSSOHN Isaac stern
SUrprlse ¥ Valses Nobles et Sentimentales J ; ‘ MIDSUMMER NIGHT'S DREAM| George Szell
. AND ol / 3';, o . \ x A - Vienna Symphony
' Drun;l-roll o FE e ey . SO - Bruno Walter
- 7 [Symphonies s Y AT

.
LSCHNARN

UIS SYMPHONY,”GO!

DUBAPEST STRING QUARTET B[ {CHAM Ruyal Phulharmonic

+ « » @ convenient method of acquiring, systematically and with expert guidance, an
outstanding record library of the world’s finest music — at far less than the usual cost

of ih: Philadelphia )
Orchestra~Ormandy  JI| PHEADELPYEA ORCH. ORMANDY

* You receive, at once, ANY 5 of the Columbia and

! MAIL COUPON TO RECEIVE [ o e o o oo s v s s s s
Epic records shown above for only $3.98 : SEND NO MONEY — 5 RECORDS FOR $3.98 CIRCLE 5 NUMBERS BELOW: _I
Your only obligation as a member is to purchase 1. Levant Plays Gershwin
i GG JeEUA® seect cun oo, 176 o ity
1.(2) lrjnn:)nltahsa.nThug,lcygﬁc?gc;ivg t:n oregordslfor ?he pricg | Pelre:se :end' me the 5 records whose numbers I have 3+ Beethoven: Quartets 9 and 11 1
of six—a saving of more than one-third on your circled at the right, for which I am to be billed only 4. Mozart: Requiem
record purchases l s?\.%c{)lusl srfxal.)li rlnla.lllngf (;ll‘;ar(g:el ; and enroll me In 5, Sipelius: Finlandia, etc. |
d f the Classica vision o e Club. .
After purchasing only five records, you recelve 6. Beethoven: 3 piano sonatas
* a Columbia or Epic Bonus record of your choice I My only obligation Is to purchase five selections 7. Rachmaninoff: Rhapsody, efc. !
free for every two additional selections you buy I from the more than 100 to be offered during the « ! |
. l coming 12 months . .. at regular list price, plus small 8. Vivaldi: The Seasons
* nger::tyoantglatsg?ca?lurt;’csorggg t?:fat mv:lisillcat}e e;p%rigs I malling charge. For every two additional selections 9. Tchaikovsky: "*Pathetique” Symphony |
¥ p + i’ I accept, I am to recelve a 12'* Columbla or Epic 1@, pyorak: “‘New World" Symphon l
tinguished addition to your record library. In addition, . ¢ e o ymphony
at least seven other exceptionally fine recordings, both | Bonus record of my choice FREE. 11. Bach: Goldberg Variations I
classical and popular, will be available to you as alter- 12. Schweitzer Plays Bach, Vol. 1
nate selections. All are fully described in the Club | Name.......... Sereseesesseicensitisssieiien e g o William T ”6 |
Magazine, which you receive free each month I (Please Print) ‘4- sosslm.w II iam :0 verture, efc., |
*You may accept or reject the regular Classical Address . L einnns veees. 'IS' M'mml ‘:‘m’;,:" ve""',e’h_
Selection, take any of the other records offered, I Seestesereresatnatertsrrineentsenerretensnrsrrrantan « Mendelssohn: Midsummer Nig “nreqm;|
or take NO record In any particular month i Schubert: “Unfinished™* Symphony I
You may discontinue membership at any time after L IONE...... State............. 16. Firebird; Romeo and Juliet
* purchasing five records Y I CANADA.: Prices slightly higher, address 1{-13 s«;l;o St., Tor., 2B 17. VYivaldi and Bach: Violin Concertos I
Y The records you want are mailed and billed to you | LN psh soinaye e reoernp creditedfiogan 18. Haydn: **Surprise™, **Drum-Roll"* Sym. |
at the regular list price, now only $3.98, plus a 1 to accept subscriptions, please fill in the following: 19. Brahms: Symphony No. 4
small mailing charge I 20. Porls of Call I
You must be delighted with membership or you may Dealer's Name.....ooveeiniiiiinianiairennannanens tesecssenanse + 21, Debussy: : :
* cancel by returning the five records within 10 days l 22 22(:f5§,ut::::[,’,:?;f,'; lia ;a?h & l
coLuMBIA @ RECORD CLUB | Dealers Address 23. Paganini and Saint-Saens Concertos
T.rr' H.u‘e' lnd'.n. © Columbia Records Sales Corp., 1958

24. Stings of Philadelphia Orchestra M-31_l
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Your High Fidelity Equipment—

Your friends who own or sell fine h
your entire high fid :
finest, fully guaranteed, uniformly better, ye
components
service faci

ReCO

wire
Fully and

afor Both
Monaurd

35 years of experience producing record
?laying equipment, have resulted in a
amily of instruments known for time-
proven features and enduring, superla-
tive performance. They have earned their
reputation as the world's finest record
playing equipment.

Garrard Auto-Manual Record Changers

del RCAB —

Model RCSB — ]
4-speed. deluxe

4-specd super chan

Model RC121/I1
4-sped

ger wlth continuous changer with the ex» Plays 127 o 10

o‘r —i' 'lrllhll? clll.\gv!, l!ul;l-l!rnor seconis intesmixed,
oontrol on 3 puaber platfarm. Compact and eco
wpoeds. $67.50 $54.50 nomical.  $42,50

Garrard Turntables & Tone Arm
e

Stereopbom'c or Monaural —

igh fidelity equipment will ad
elity system with B.L.C. quality endorsed co

“Your continuing satisfaction is assured by really comp

lities throughout the U. S.

These B.LC. Products Will Make It Outstanding—

vise you to assemble
mponents...cach the
t competitively priced with ordinary

lete parts and

| / r&ec\a‘e

EAKERS

The world renowned Leak standards of craftsman-
ship are now available in stereo amplifiers and
preamplifiers as well as monaural models, Leak
amplifiers give the consumer the bencfit of broad-
castand p ional quality comp and wotk-
manship, yet they are offered in a popular range
of prices.

wew! Leak Stereophonic Amplifiers and Preamplifiers

Leak Stereo Amplifiers yre dua) ehsnne! ampit-

ficrs on une chassha, (Hurmonie distortfon 0.1%).

Prequencs response + or — 0.5 dh. Incorpurates

all the distlnguished Lesk standards and fea-

Mg Jneaker impedance range 3 te 20 dhma.

‘Stereo”’ 20. ¢ atws Maxlinun

TP channcl) ..$139.00
ereo™ 50. iatly Maximunt

el ehannel) .. 179.00

Leak "Poiat One Stareo’ Preamplifier
matches Leak Stcreo Ampllfiers ar any pair of
Leak single Channel power Amplifiers. Inputs
for creo and monaural sources: tape, rec-
ords, radio, and mike. Belector switch for sngle
anddusl chennel use, monsural records and

stereo reversing, $109.50
Leak Single Channel Power Amplifiers and Preamplifiers

Leak Amplifiers sre made to more than satlafy
every Ustening reauirement used monsurally o
pulred for stesco. Remarkahly low 0.1% harmanie
d consertative

distartion, exemplary clrcultry
ratines Ulstingulshed them

sP -
tatural Re vod.umo =
Fer 1’\Singly orin Palrs:

Designed and built under the direction
of England's G. A. Briggs, Wharfedale
Speakers, matching enclosures and speak-
er systems provide a unique quality of
full-bodied, non-strident tone which has
become associated only with this name.

Wharfedale Foam Suspension Speakers

Full Range speak.

Trable speaker,
ers for slugle unit

Featuring bakelized

cone for wide an- installations. ~Spe-

glo diffusion, High clal stuminu

gux magnct, 22.50 ;%u coll. 87-107- AieneyNaoubl]

Super 3. . 2005 ral for T
U $22.50 0 $78.50 way systens. 127 &

y
17" 544 10 $78.50

Wharfedale Speaker Systems and Enclosures

Model 301—The
ultimate in
scription tuental
with each 1p
variable.

$89.00 Complete $59.50  Garrard feature.
o i $32.50
wEW! Model TPA/12_ Stereo Tramcrtption
Tone Arm with plug-in wshell. rofes-

Model4HF—4-speed
127 tramacription
lype turatable with
built-ln Transerip-
tion Tone Arm.

slonsl performance,
to 16”. $19.50

Model|
4-3peed manual
player. A budget
Instrument

T~

Plays all recards

TL/50 (50 watts)
TL/25 (25 watts)
/12 02

Leak Preamplifiers are destgned and huilt spe-
cifically for Leak Amplifiers. Full complement
of controla and inputs for every concelvable
requlrement.

‘'Point One Plug
Vatialope 111 ...

Custom.

SFB/3—3-way asstem in sand filted bafMe.
$199 Deluxe

Wharfedals enclosures for 10% and 127
Bpeakers are also avallable.

W/AF/1 & W/AF/2
2-way systems,
acoustical fliter
principle.

3$144.50 snd $199

-

The original small space loudspeaker
enclosures with patented* R-J design
principles that assure full, smooth bass
and unobstructed highs. Now available
in these 5 newly styled models . ..

*D.8. Pat. Now. 2604462, 2694463

R1/8 For 8/ spexkers. Will fit Into a single
shelf bookcase, 117 high x 23%,"’ long 71 107

RJ/12S For 12" speakers, Will fit in double
sheif of bookcase. 24” high x 21” long x 16"

. In unf Birch “hardwood st
8.50. In Mahogany, Walnut or Blond
sh $49.50.

RJ/12F For 12" speakers. Floor model com-
plete with lexs. 20” hixh x 20" long x 10
deep. In unfinlshed Birch hardwood $43.00.
In Manorny, Walnut or Blond Anlsh

R1/15 For 13" spenkers. Floor model com.
pleto with legs. 20" high x 20" long x 107
deep. In unfinished Birch hardwood $45.00.
lgs &,molw. Walnut or Blond finish

Ri/Super 8 A complete speaker Aystem.
teady-to-play! RJ/8 enclosurs . . . Speaker
installed: the famous 8" full ranxe Whar-
fedale Buper 8/FS/AL. In unfinished Birch

ardwood $50.50. in Mahogany, Wainut oe
Blond finlsh $59.50.

River Edge custe nized Cabinets [ T
and “Do-It-Yourself” Kits e lm

20 modets: 10 finithes: Equinment andd
loudspeaker cabinets to Ht comuonents
of al\ maoufacturers. Kits and tnlshvd
cabinets.

N

Genalex . . . Finest Audio Tubes

Newl KT88—high power, low distortion smplify-
ing tetrode $4.95 net. The original KT68 power
amplifying tetrode. Fits same socket as U.8. #6L8
$3.50 net. The origlnal 2729 low hum ioput
tube. $2.95 net.

Por literature write dept, AY-988 and please specify producs. BRITISH INDUSTRINS CORPORATION, Port Washington, New York
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All Ahout

Audio

and Hi-Fi

-The Listening Ear

Ebprror’s NoTe: We take great pleas-

ure in welcoming to thcse pages one
whose wide experience and knowledge
truly entitle him to be called a “noted
authority” in the hi-fi field. Mr. G. A.
Briggs’ pre-eminence stems not from
a theoretical, ivory-tower approach
to the subject, but rather it is the
result of endless experimentation, a
well-developed sense of inquiry, and
a Serious (although good-humored)
interest in good audio reproduction.
Besides all this, Mr. Briggs has the
peculiar ability to tell of his experi-
ences in a crystal-clear, personal,
down-to-earth manner that is a pleas-
ure to read. i

G. A. Briggs is managing director
of the Wharfedale Wireless Works
Ltd., England, which is engaged in
makin loudspeakers. Mr. Briggs
started comstructing acoustic phono-
graphs, radios, and loudspeakers as
a hobby around 1930. He started mak-
ing speakers commercially in 1933. He
has also dabbled in pianos and during
the course of the last 25 years he has
had forty different instruments in his
home. Mr. Briggs is the author of the
best-seller, “Loudspeakers,” which is
now in its fourth edition, as well as
the popular “Sound Reproduction,”
“Pianos, Pianists, and Sonics,” and
“High F{delitg/—the Why and How
for Amateurs.” Also, during the last
three years, he has conducted nine
leoture-demonstrations on sound re-
roduction in Canada, England, and
n Carnegie Hall, New York.

Fig. 1. Photograph of the main items of test equipment used in tests forming the

basis of this series of articles.

Mr. R. E. Cooke ias recording some information.

By G. A. BRIGGS

Managing Director
Wharfedale Wireless Works Ltd,

Part 1. An informative and interesting series
that will discuss high fidelity reproduction from
the listener's point of view. Opening article
describes the main qualities of the human ear

as they are related

S THE year 1956 was drawing to its
Aquasi-peaceful close, I was very

pleased to receive from the ed-
itors of this magazine an invitation to
contribute a series of articles on audio
topics, now generally designated as
hi-fi. Because I am constantly making
tests and experiments, it 1s very useful
to have an incentive to place the re-
sults on record whilst they are fresh
in the mind. In these experiments I
have the valuable co-operation of our
technical director, Mr. R. E. Cooke,
B.Sc. (Eng.), who joined my firm some
two years ago after spending a few
years in the Designs Department of
the BBC where he was engaged on
problems connected with sound record-
ing and reproduction.

Another reason for satisfaction is
that I believe that any interchange of
experience and opinion between our
two countries is a good thing in the
present state of the world, apart from
the obvious fact that we can learn a
lot from each other. (For instance, al-
though we are fond of saying that you
cannot make tea, I have developed the
habit of using tea bags at home as a
result of visits to America, and I
should hate to go back to the messy
business of loose tea leaves.)

American radio and audio magazines
are read with avidity over here, and it
would be a good thing if British jour-
nals could include more contributions
from American writers, although the

to sound reproduction.

usual rates of pay are rather thin;
translated into dollars they would just
about keep a moderate smoker in ciga-
rettes.

On the more technical side we have
nothing in this country to compare
with some of your fine technical mag-
azines, and, when it comes to test re-
ports on instruments and equipment,
your consumer testing organization
reports are unique for candor and thor-
oughness. (Your greyhounds are half-
way round the track before ours have
realized that the traps are open and
the hares are off!)

To conclude this preamble, I would
like to stress the point that music and
its reproduction are intended for man’s
delight, and my main reason for writ-
ing on the subject is that I enjoy doing
so. Let'us therefore approach all prob-
lems in a gay rather than a somber
mood.

Scope of Articles

The title, ‘“All About Audio and
Hi-Fi,” may be rather ambiguous. It
does not mean that I am going to tell
you all there is to know about it. (I
do not know it all, nor do I think I
know!) It simply means that I have
a roving commission to deal with all
or any aspects of the subject. I some-
times think that the term “high fidel-
ity” has just about reached the limit
set by the large notice which appears
on the front door of a dance hall on

HI-FI ANNUAL & AUDIO HANDBOOK




Broadway, which reads: “Most Exclu-
sive Place in Town—Everybody Wel-
come.” It is now quite usual to see
portable radio sets and record players
advertised in England as “hi-fi”; but
despite this the term means something
when properly applied, and it is very
difficult to replace by a better one.

Equipment

As the main basis of this and subse-
quent articles will be actual tests and
experiments, a brief outline of the in-
struments available will not be out of
place, although I always believe that
the skill and judgment of the investi-
gators mean more than the cost of the
equipment employed.

Photographs of the Wharfedale lab-
oratory are reproduced in Figs. 1 and 2.

In Fig. 1 the main item is, of course,
our Mr. Cooke, but other items worthy
of note are, from left to right, auto-
matic response curve recorder, a.f. os-
cillator, microscope, stroboscope, vac-
uum-tube voltmeters, sound level
meter, phase-angle and impedance me-
ter, oscilloscope with camera, etc.

In Fig. 2 the corner enclosure on
the left is built of bricks, and to the
left of that is an artificial reverbera-
tion device of Danish design. Moving
to the right (no doubt wisely) we see
a small RJ cabinet followed by a
larger enclosure with special acoustic
filter, to which we shall probably refer
again in a later article. Sitting atop
this cabinet is a 3" tweeter with vol-
ume control, and on the windowsill is
a Janszen electrostatic speaker. Then
we have a sand-filled baffle accommo-
dating three speakers, with an explod-
ed view of a Klipschorn on the ex-
treme right. (The fact that three out
of the six speakers shown are of Amer-
ican design does at least indicate that
we are broad-minded!)

Lab Acoustics

When listening to loudspeakers in
unusual rooms, allowance must be
made for differences compared to fur-
nished rooms in which domestic speak-
ers are normally used. For instance,
the laboratory in question has a longer
reverberation time and sounds much
brighter than an ordinary room. Some
beneficial acoustic treatment has been
applied; perforated Celotex tiles ab-
sorb excessive high frequencies over
part of the walls, and half a dozen
acoustic absorbers, designed by R. E.
Cooke, each 5 ft.x 2 ft., operate in the
range 100 to 8000 cps. (One of these
can be seen in each photograph.)
These units combine the functions of a
Helmholtz resonator, stagger-tuned
over the frequency range 700-1300 cps,
and a membrane absorber. Neverthe-
less, I still prefer to make a final loud-
speaker test at home, when domestic
types are involved.

Room effects obviously play havoc
with any loudspeaker response, al-
though they do not invalidate the mer-
its of level response as a starting point.

The Ear
In view of the importance of listen-
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ing tests, we cannot do better than de-
vote the remainder of this article to
an elementary study of the function of
the human ear as related to the prob-
lems of sound reproduction.

Its main qualities could, I think, be
classified very simply as follows: (1)
Sensitivity, or general acuity of hear-
ing; (2) Response, or variation of acui-
ty with frequency; (3) Tonal discrim-
ination and power to assess volume
levels accurately; (4) Sense of pitch;
(5) Musical reaction and talent; and
(6) Uniformity of qualities 1 and 2 be-
tween left and right ear.

For our purpose, the most important
is No. 3, tonal discrimination, but we
will deal with the others first.

Qualities 4 and 5: It is obvious that
any of the six qualities could be pos-
sessed to an exceptional degree by one
person, with only fair or even poor
ability in the others, although it is rea-
sonable to assume that Nos. 4 and 5
usually go together. (It is difficult to
imagine that even an ultra-modern
composer cannot hit the right note—
or at least the one he wants.)

But experience shows that profes-
sional musicians are often poor judges
of quality No. 3, and may be defective
in qualities 1 and 2. (Beethoven was
deaf for many years.) The reason for
No. 3 failure is that the musician
usually spends so much time near to
the source of sound. I remember at
rehearsals in the Royal Festival Hall,
the organist Ralph Downes always
maintained that we were reproducing
the organ too loudly when he came
into the body of the hall to listen. Sim-
ilarly, a member of an orchestra hears
something quite different from the con-
glomeration of direct and reflected
sound heard by members of the audi-
ence. Volume level has a lot to do with
it; I always maintain that the art of
attaining realistic reproduction starts
with setting the volume control cor-
rectly. The slightest touch up or down
can make all the difference. The or-
ganist, when playing on a console
placed near the pipes, hears less than

his audience, but a member of an or-
chestra hears more, so the training for
No. 3 is poor in both cases.

It is also difficult for very musical
people to ignore the music and per-
formance, and concentrate on quality
of reproduction. Many hi-fi fans err
in the opposite direction!

Qualities 1 and 2: At the outset, we
must be careful not to attach too much
importance to acuity of hearing. We
have already agreed that it has little
to do with musical ability, and it is
fairly easy to prove that sensitive ears
are not necessarily discriminating ears,
any more than a man with good eye-
sight is ipso facto an artist or a good
judge of line and color.

But a reasonably good range of hear-
ing is obviously required before any
reliable assessment of tonal quality
can be made. This was brought home
to me recently during a rehearsal for
a record concert, the items for which
had been chosen by a talented mu-
sician and composer, who was appar-
ently stone deaf above 5000 cycles and
so remained quite oblivious to surface
hiss, plops, and screaming highs which
came from some records.

It is well known that hearing at high
frequencies falls off with advancing
years, but constant use of the ears in
listening tests delays the decay.

The September, 1956 issue of Wire-
less World contained an interesting
article on age, hearing, and hi-fi, en-
titled “Too Old at —?” by M. G
Scroggie, who said that those of us
who are not so young as we were may
be wondering why we should spend a
lot of money on equipment for repro-
ducing frequencies we cannot hear.
Some measurements made on a few in-
dividuals by Mr. Scroggie are repro-
duced in Fig. 3, the numbers against
the curves indicating the ages of the
people tested. Frequencies below 1000
cps are omitted because no significant
differences occur.

After studying these curves, we de-
cided to make a few tests ourselves on
members of our staff, but whereas Mr.

Fig. 2. Another part of the lab showing some speakers used for comparative tests.
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Fig. 3. Results of hearing tests made
by M. G. Scroggie on persons of nor-
mal hearing between the ages of 5 and
§5. Curves have been compensated for
Fletcher-Munson threshold levels.
{Curves redrawn from “Wireless World")
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Fig. 4. Response curves of the 3inch
speaker used in the listening tests.

Scroggie used moving-coil headphones,
we used moving-coil speakers, and this
may account for the fact that our re-
sults showed much better standards of
hearing at the high frequencies than
did those of Mr. Scroggie and previous
investigators. (After all, it is more
natural to listen with two ears open
to the air than with clamped-on head-
phones.)

A 3-inch unit with aluminum voice
coil and light Bakelized cone was used
as the sound generator. Although not:
flat, the response goes up to 20,000 cps
(see Fig. 4) and the unit should be at
least as good as a headphone. I was
astonished that all those tested—ages
between 20 and 46—could actually
hear 18,000 cycles (usually with a
boost of 50 db or more) as I am stone
deaf in that region.

Now there are three people whose

hearing and tonal judgment I have al- 8 =

ways rated very highly when assessing
speaker performance. They are (1) my
daughter, age 22; (2) our works man-
ager, Mr. E. R. Broadley, age 46; and
(3) myself. Please do not take the in-
clusion of myself as a sign of arro-
gance or conceit. We all think that

what we hear is right because we
never hear anything else.

As a matter of interest, response
- curves of these three subjects, pre-
. pared by Mr. Cooke, are shown in Fig.

5. As already mentioned, Mr.:Scrog-

gie made his measurements using head-

phones, no doubt in a very quiet room,
and in such circumstances the thresh-
old-level Fletcher-Munson curve gives
appropriate compensation. Our experi-
ments were made without headphones
in a laboratory where slight back-
ground noise may be expected to pro-
duce some degree of masking at low
intensities. The results have therefore
been compensated by the Jensen
threshold curve for a critical listener
in low noise level. (Jensen Technical
Monograph No. 3, page 5, Fig. 5.)

These tests show that it is possible
for a young person of 22 to hear per-
fectly up to 14,000 cycles and quite
well up to 18,000 cycles. Our sales di-
rector, Mr. Escott, age 31, and Mr.
Cooke, age 32, kept within 15 db of this
standard up to the 18,000 cycles limit
imposed. Although I can actually hear
14,000 cycles, I was shocked to learn
that I am some 90 db down at this fre-
quency. The most interesting ears be-
long to Mr. Broadley, whose acuity is
below mine up to about 10,000 cycles,
but then remains very even up to 18,-
000 cycles, in spite of his 46 years. He
has been making and testing loud-
speakers along with me some 25 years,
and I rate his judgment of perform-
ance very highly.

The general conclusion, as a result
of these tests, is that loss of hearing
with advancing years is frequently not
as bad as has so often been assumed,
and the faculty of hearing—in common
with many other human accomplish-
ments—is preserved by regular exer-
ise or practice (like playing the piano
or knitting).

It is a pity that deficiencies in hear-
ing cannot be adjusted by “spectacles”
which are so easy to prescribe for the
eyes. Deaf aids are little better than

Fig. 5. Hearing curves taken with speaker
held a few Inches away ffom the right ear.
Curves are corrected for loudness contour
and are smoothed below 3000 cycles. Curve
(R) is for Miss Briggs, age 22; curve (B)
is for G. KA. Briggs. age 66; ond curve (C)
is for E. R. Broadley. age 46, See text.
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resorting to any port in a storm.

Quality No. 6: Few people hear
equally with both ears, but I believe
the natural tendency is to adjust the
balance by turning the weaker ear to-
wards the source of sound, so that
quite wide variations could exist in one
pair of ears without disqualifying the
owner from a shrewd exercise of tonal
judgment.

Quality No. 8: As with the gift of
perfect pitch, the main basis of tonal
discrimination is memory, coupled with
the ability to hear and recognize res-
onances, harmonics, transients, and all
the other qualities which go to make
up a musical picture, plus a sensitive
reaction to any form of distortion. An
appreciation of music and regular con-
cert-going to keep the ears fresh are
obvious advantages. Anybody who un-
wittingly plays records too loudly or
too softly is disqualified from the start,
and it does not matter whether his am-
plifier is 10 watts or 100 watts. The
“larger than life” platoon cannot be
admitted into this select company.

Again in common with the gift of
pitch, you either have tonal judgment
or you have it not, and it is easily rec-
ognized in listeners when demonstrat-
ing sound equipment to various people,
in spite of enormous variations in pref-
erence and taste. A spark of the talent
—and talent it undoubtedly is—can de-
velop into a flame by regular use.

I suppose the most skilled in the art
are recording engineers who almost
daily compare live with recorded
speech and music and can recognize on
a monitor speaker which piano out of
a half a dozen studio models is being
played. My complaint is that record-
ing engineers hardly ever write about
their activities (probably due to hush-
hush policy) so views on the subject
are left to be aired by semi-skilled
but interested parties like your hum-
ble servant.

The most difficult application of
tonal judgment—after recognizing that
something is wrong—is the ability to
recognize where the trouble originates.
Poor recording, bad studio acoustics,
line distortion, antenna or reception
faults on FM, pickup distortion, am-
plifier faults, speaker trouble, listening
room coloration, wrong setting of play-
back characteristics, wrong volume
levels; these and many other sources
of error need watching before flnal
performance can be fairly judged.

For instance, the quality from FM
at its best is so good that any short-
comings in the quality of program ma-
terial are ruthlessly exposed on wide-
range reproducers. A poor record via
FM may sound as though the loud-
speaker is out of center, and may ac-
tually sound better on a small speaker
in a resonant cabinet than on a hi-fi
system.

So we will conclude this article by
stating that tonal discrimination is the
most vital quality of the ear in audio
activities, sand that it involves placing
a source of distortion quite as much as
noticing it. In short, do not always
blame the loudspeaker.
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New G-E “Golden Classic’’
stereo-magnetic cartridge

”GOl?f‘N CLAS?‘I(;” Model
GC-7 (shown) with . *
mil diamond stylus 32395
“GOLDEN CLASSIC" Model
GC-5 (for prof:ssionul-type
tone arms) with .5 »
mil diamond stylus 52695
ELS'I;ERE(})‘ 7CLASSIC" Model

-7 with .7 mil syn- *
theticsapphire stylus 31695
*Manufacturer’s suggested resale

prices

makes stereo a practical reality—at a realistic price!

+15
+10

® Fully compatible with both stereophonic and
monaural records

® Frequency response 20 through 20,000 cycles

® “Floating armature” design for increased com-
pliance and reduced record wear. Effective mass
of stylus approximately 2 milligrams

I T 1T
TVEST RECORDS: 0 to 15KC WESTREX STEREO 1A _|

15KC 10 20KC RCA MONAURAL 12-5-69

FREQUENCY RESPONSE

[ — e

—

2
\ SEPARATION I
D e Pal

=

A

100 1KC 10KC  20KC
c/s

Smooth response on both stereo and monaural records.
Consistently high separation between stereo channels.

® High compliance in all directions—
Lateral compliance 4 x 10® cm/dyne
Vertical compliance 2.5 x 10 ¢cm/dyne

® Recommended tracking force with professional-
type tone arm 2 to 4 grams

® Consistently high separation between channel
signals

{Specifications for Model GC-5 with .5 mil diamond stylus)

Stereo is here! General Electric makes it official
—with the new “Golden Classic” stereo-mag-
.etic cartridge, a fitting climax to the famous
line of G-E cartridges. For matchless reproduc-
tion, hear it with G.E.’s new “Stereo Classic”
tone arm. Ask your dealer for a demonstration
soon. Write for complete specifications. General
Electric Company, Specialty Electronic Com-
ponents Dept.; Section HFD, W. Genesee St.,
Auburn, N. Y.

GENERAL @ ELECTRIC
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Part 2. Experiments with speaker placement show that

listening room has considerable effect on reproduction.

AVING dealt in a non-medical and
H non-technical way with the human

ear, we naturally arrive at the
room in which the ear is normally used
for listening to reproduced music.
Tonal discrimination must clearly in-
volve an appreciation of what the
room is doing to the sound.

Much has been written on room
acoustics, but I still believe that the
effects are greater than most people
realize.

Size of Room

Some textbooks state that to repro-
duce a low-frequency sound the room
must be at least as long as the wave-
length you wish to reproduce, which
means that a 50-cycle note requires a
room nearly 24 feet long. The mini-
mum usually advocated is half a wave-
length, which means a 12-foot room
for good bass down to 50 cycles, and I
agree with this, but I do not agree
that even smaller rooms are adequate.

As a matter of fact, a room about
11 feet long will have a main res-
onance at 50 cycles (with harmonics at
100 and 150 cps) and would tend to
emphasize power-line hum from a
noisy amplifier working into a good
woofer. This, of course, refers to
British power lines. At the 60-cycle
power line frequency prevalent in the
U. S. the equivalent room dimension
would be 9 feet. It is clear that large
rooms are better than small ones be-
cause the room resonances are lower
in frequency and help to build up the
bass in a region where it is often de-

.
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ficient: Nobody says that a sound is
inaudible if the room length is less
than half the wavelength. It is simply
not so well reproduced.

Concert Halls

The obvious way to avoid small room
effects is to move into a good concert
hall, where it is possible to hear what
a loudspeaker is doing before it is af-
fected by reflections from walls, and
where the room (hall) resonances oc-
cur at much lower frequencies where
they are less harmful. I know of no
quicker or better way of assessing
speaker performance, and I am unable
to understand why nobody else advo-
cates this technique; my voice is still
like one crying in the wilderness.

It is not suggested that the final
choice of one speaker for domestic use
—out of say half a dozen samples—
should be made in a concert hall,
where conditions are different (and su-
perior), but it is claimed that the re-
liable information so obtained can be
applied to good purpose. I remember
testing a speaker system with a new
foam suspension to the cones, com-
pared with a similar system with dif-
ferent cone surrounds, in St. George’s
Hall, Bradford, and in Carnegie Hall,
New York, when everybody present im-
mediately heard and appreciated the
difference.

In short, a decision to adopt a new
type of construction—cone, suspension,
centering device, or a different cabinet,
baffle, or horn, or even a change to
electrostatic units—can often be made

in a few minutes instead of hours or
days. This is achieved simply by im-
proving the listening conditions.

Many of the effects to be observed
cannot be produced by response curves
taken in anechoic chambers or the
open air.

Readers who do not own concert
halls may wonder how all this affects
them, and I agree it appears to be of
rather doubtful value to amateurs.
But there are thousands of halls which
are used only a few hours a week, and
serious investigators of sound repro-
duction could arrange tests without
abnormal difficulty or expense. They
would at least learn by comparison
something of what a normal living
room actually does to sound waves.

Ordinary Rooms

To get back to earth (before the
Editor starts using his blue pencil), a
general outline of my own listening
room at home is given in Fig. 7. Apart
from the fact that it is usually clut-
tered up with equipment and numerous
loudspeakers (my wife is case-hard-
ened), the furnishings, carpets, and
curtains are normal.

The room measures 20 x 14 x 11 feet,
so the main resonances occur at about
28, 40, and 50 cycles, but the odd shape
at one end helps to break up the hori-
zontal modes.

At A. there is a permanent 3-speaker
corner installation, which gives better
results than any speaker ever tested
in any other position in the room—in
spite of the rude things often said
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about corners and room resonance. At
B. C, D. and E we do not find four
more speakers, but simply one speaker
tested in four positions. This is a
3-speaker sand filled baffle, measuring
34" x 31" with 12" sides, with 12" and

10" units facing forward, and a 3"
tweeter mounted on a separate small
baffle facing upward. The speakers ra-
diate from both sides of the cones, and
the main baffle therefore performs as
a doublet at low frequencies (Fig. 6).
(As the tweeter also radiates from
two sides in a vertical direction, I sup-
pose the whole system could be de-
scribed as a “Quadlet,” but I doubt if
the Acoustical Society of America or
if the A. E. S. will ever accept this
new term!)

A speaker which radiates in one di-
rection only, say from a reflex cab-
inet, is known as a simple radiator
(not a “Singlet”) and appears to be
less susceptible to room effects than a
doublet. I have therefore selected the
open baffle, stand-anywhere model as
the basis of this test, because results
were easier to observe. Although a
simple radiator does not behave in the
same way as a doublet, many of the
room deductions would still apply.

The first and most important lesson
to be learned is that strong directional
effects in middle and upper registers
must be avoided like the plague. With
a simple radiator this can often be
done by facing the speaker into a cor-
ner or at an angle of 45° towards a
hard wall, so that the sound is splashed
into the room and thus loses some of
its “loudspeaker” quality. In a good
concert hall, undue directional effects
give an even more unnatural result.

To revert to Fig. 7, the general con-
clusions are as follows, but it will be
understood that other rooms, other
speakers, other ears would give differ-
ent results. It is equally important to
remember that results vary according
to the type of record or radio trans-
mission being used. Large choral and
orchestral works often contain a good
deal of studio coloration or ambience
which might clash with the room res-
onance. A rather dry, crisp recording
is essential. Solo voice is an excellent
test, but a good, clean piano record is
hard to beat, as the frequency range
covers seven octaves and any ‘‘boxi-
ness’” in reproduction is easily noticed.
It is worthy of note here that the type
of recording which sounds “right” in a
good concert hall, and is therefore
free from excessive recorded ambience,
is ideal for these tests as it will not
lead the ear astray.

Here are the findings for the various
positions :

Position A: This has already been
awarded pride of place. The 3-speaker
system in use here is not movable, in
common with many reflex cabinets and
back loading horns designed to give
optimum results. from a corner. In
short, the speaker objects to being
pushed around, so it cannot convenient-
ly take part in the tests under consid-
eration. Room resonance may or may
not be prominent, but can easily be
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countered by the use of an extra
speaker, which may be comparatively
small, suitably placed in the room. Ex-
periments on these lines will be de-
scribed in Part 3 of this series.

Position B runs very close to A,
without exciting the full room reso-
nance. Any speaker with a pronounced
enclosure resonance around 50 cycles
might sound better here than at A.
Suits dance bands.

Position C: A nice combination of
medium bass and good reflection of
rear sound waves. Suits most types of
music.

Position D: Ideal for those who pre-
fer completely nondirectional effects.
(There is no reason why the loud-
speaker should always look the listener
straight in the eye, or ear.) Very good
on guitar and similar instruments.
Room resonance well masked.

Position E: This position gives the
impression that the music is being
played in the room rather than through
a hole in the wall, and is liked by some
listeners.

A-B Testing

Some readers may suspect that the
effects of speaker placing are being ex-
aggerated, but an A-B test of two sim-
ilar speakers often proves its impor-
tance. For instance, if speaker A
happens to be standing in a better po-
sition, acoustically, than B, a prefer-
ence for A might be transferred to B
simply by transposing the speakers.
This is another reason why large hall
tests are safer: a difference of two or
three feet in position is of no conse-
quence, but in a small room this may
be serious.

Load Matching: Connecting an extra
speaker in parallel with one already in
use obviously halves the impedance, as-
suming that both speakers are the
same. With modern negative-feedback
amplifiers the output resistance is low
and the damping factor is high, so a
mismatch to the speaker load does not
cause distortion—it merely reduces the
available distortion-free power. Assum-
ing your amplifier will give 20 watts

clean output, connecting a (perfect)
16-ohm speaker to a 16-ohm output
circuit would make available the full
20 watts. If you then add another 16-
ohm speaker in parallel, and halve the

impedance of the load, the available
power is also approximately halved. If
you are not using more than 10 watts
at any time, there is nothing to worry
about; but if you are likely to exceed
10 watts, it is desirable to change to
an 8-ohm output tap or thereabouts
for better results.

“Perfect” matching never comes our
way, because speaker impedance varies
with frequency, so it is only necessary
to come reasonably near. For instance,
an output circuit rated at 8 ohms is
quite satisfactory with nominal speak-
er loads between 6 and 10 ohms im-
pedance.

If two or more speakers are to be
added in parallel it would be advisable
to work on a low output impedance,
say 3-5 ohms, so that more power be-
comes available as the extra power-
handling capacity is increased by con-
necting the extra speakers.

I hope these comments will encour-
age readers to try various experiments
where room and furniture will permit.
Even results from an ordinary radio
set can often be improved enormously
by removing the back and placing the
cabinet across a corner at a suitable
distance from the wall.

SAND FILLED
PLYWOOD BAFFLE

Fig. 6. Doublet speaker system used.

T CABINET FIREPLACE
E
14 Fig. 7. Over.all plan of listening room
showing various speaker locations.
)
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Room
Resonance

& Stereo

Part 3. Observations on reducing room resonances
and providing 2-channel sound with multiple speakers.

T SEEMS to me that the excellent
I results obtained from two-channel

operation are, to some extent, due
to the use of two loudspeakers which
break up room resonance; therefore,
similar room control can be achieved
with single-channel output. I would
not say that this is half way to stereo,
but I think we could label it “demi-
semi stereo.”

The main difficulty (at least to my
ear) is with solo items, as it is rather
disconcerting to hear two Victoria de
Los Angeles’s instead of one; but judi-
cious orientation of the extra speaker,
e.g., towards a corner, overcomes ob-
jectionable directional effects. A back-
to-back set-up also gives excellent re-
sults with simple radiators. A few
weeks ago I heard a demonstration of
the Philips “Novosonic” system at Cen-
tury House, London, and I was greatly
impressed by the way in which room
resonance was overcome by the judi-
cious placing and spacing of one bass
enclosure and two treble speakers
working with a crossover at 300 cycles.

Added to this, our technical director,
Mr. R. E. Cooke, recently returned
from Denmark with his head all
full of new and interesting ideas and
developments. Now the main purpose
of Mr. Cooke's visit was to spend some
time with my friend David Hall, for-
merly Music Director, Classics Divi-
sion, Mercury Record Corporation,
U. S. A,, and now lecturing at the Uni-
versity of Copenhagen.

I was most interested to learn that
David Hall listens, at home. to several
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speakers at a time in order to over-
come room resonance, two of them
being reflex cabinets with an acoustic
filter similar to the units shown in
Figs. 8 and 10. One is placed under the
grand piano and the other under a
desk. I quote Mr. Hall as follows:

“The reflex cabinet in the desk knee-
hole is the thing for good bass, espe-
cially since the desk is very heavy and
does not resonate.”

I attach great importance to what
he does, for the following reason. Prior
to our first Carnegie Hall demonstra-
tion in 1955, I was anxious to have
some guidance as to which American
records would suit the hall (Carnegie,
not David!). Mr. Hall gave us a list
of some 30 records of various makes,
and when I later compared the pro-
gram with this list I was amazed to
find that every commercial record used
had been recommended thereon. This
shows almost uncanny knowledge of
acoustics and the effects of recording
and reproducing characteristics.

As a result of these and similar ex-
periences, I have carried out a number
of listening tests at home, which I will
now proceed to describe. My yardstick
for judging reproduction is a very sim-
ple one: the arrangement which sounds
least like listening to loudspeakers is
the best.

It is necessary- to include another
plan of my own listening room to show
the disposition of the half dozen speak-
ers used in the tests. (See Fig. 9.) The
corner speaker referred to as 4 in Fig.
T of Part 2 now becomes C.

Fig. 8. Photograph of speakers outlined
In Fig. 9 (A) Three-speaker system used
in tests described in Part 2. (B) “Super
12" in Electro-Volce "Aristocrat” cabinet.
{C) Three-way corner system. (D) Ten-inch
speaker on sand-filled 28" x 24" bafile.
(E), (F) Ten-inch speaker In 2 cu. ft.
bass-reflex enclosure with acoustic filter.

A photograph showing all the speak-
ers assembled in a corner of the room
is reproduced in Fig. 8. I have already
explained that Mrs. Briggs is case-
hardened, but before readers start
sending her letters of sympathy I must
add that the present conglomeration of
speakers is unusual, even for me.

The speakers used in the test were
Wharfedales, but the findings would
hold true with any reasonably good
specimens of any make. In fact, a po-
tent argument in favor of the use of
two speakers of different size and
shape is that inequalities tend to be
smoothed out. It is obvious that if
you have a cabinet speaker which
honks a bit in the bass, and you add
an open baffle speaker in parallel, you
reduce the honking by about half. As
we have already agreed that room
honking is reduced, we seem to be ap-
proaching the millenium of double
loudspeaker demand. Even the rather
boxy tone of the average radio set can
be improved by simply adding an ex-
ternal speaker with no cabinet or baf-
fle, thus removing half the sound from
the box or resonator. The speaker
units are shown externally in the dia-
gram to indicate the direction in which
they were facing. Any speaker could
be switched on or off at will. My gen-
eral opinions are as follows, but other
rooms would produce different results.

1. Two speakers are much better
than one, but three are only slightly
better than two on large works. More
than three not worth the space used.

2. Speakers A and C gave best re-
sults on chorus, orchestra, and organ.
Then A and B, then B and C, then C
and D.

3. Speakers C and D were best on
solo items, and very satisfactory on
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everything. Probably the best all-
raund acoustic set-up.

4. Speakers B, D, and F facing to-
wards the left could be added to A4, C,
or E without producing disembodied
effects on solos, and yet with beneficial
results on all types of music.

5. Speaker B being very sensitive
and directional was always preferred
not facing straight into the room. Im-
proved transient response from the
high-flux magnet system could be
heard when this “Super 12" came on.

6. The piano always sounded best
with open mounting associated with 4,
C, or D. Cabinets like B, E, and F give
a slightly “boxed-in” effect on this in-
strument. Speaker A alone was better
than B and E or E and F together,
but a cabinet/baffle combination was
very good.

7. Baffle D with reflex cabinet E
was better than the two cabinets E
and F on practically all types of music.

8. Cabinets E and F were preferred
standing back-to-back.

9. Most cabinet speakers used singly,
other than corner models, give best
results when pointing towards a corner
or at an angle of 45 degrees to a hard
wall, so that the sound is splashed into
the room.

10. With two speakers, phasing often
makes a big difference in the results.
Always try reversing the leads to one
speaker. In some positions, out-of-
phase connection will be best.

11. For optimum bass, side-by-side
(in-phase) placing is obviously best,
but this arrangement is the least ef-
fective in killing room resonance.

No doubt many readers already pos-
sess a spare loudspeaker which could
be mounted on a baffle and pressed into
service for experiments on the lines in-
dicated. Unlike stereo, equal sensitiv-
ity is not necessary, but the extra unit
must at least be loud enough to make
its presence felt to some extent.

Baffle D used in these tests was
made from two sheets of % inch ply-
wood 28x 24 inches with a % inch
layer of sand between them. Two side
pieces in %2 inch plywood 9 inches wide
at the base and narrowing to 4 inches
at the top support the baffle and pro-
vide a reasonable backward slope. The
associated speaker unit should have a
cone resonance below 40 cps for satis-
factory performance.

Although a simple baffle is recom-
mended for the second speaker in these
tests, and the size described gives very
good results with a suitable 10” unit,
of the two I still prefer the reflex cab-
inet with acoustic filter for single
speaker use on most types of program
material. For one thing, there is more
“beef” in the bass.

Stereo

As the domestic use of two-channel
recording and reproduction appears to
have made more progress in America
than in Great Britain, I will confine my
remarks to the expression of a few
opinions which I have formed on the
experience I have had so far.

1959 EDITION

¥ |  FimepLace
19 yF Fig. 9. Plan of listening room showing
location of six speakers employed in test.
me
D
1}
o\ 8 A
° Ld
X
je 20' &

I am firmly of the opinion that the
undoubted step forward in natural re-
production, which is possible with two
channels, is due to sweeter top and
fuller and rounder bass rather than to
true stereophonic effects. When I hear
the woodwind in an orchestra I am
concerned (a) with what they play;
(b) with how they play it; and, (c)
with how it sounds. I am not the least
bit interested in where they sit.

I agree that some stereo recordings
used with directional loudspeakers,
correctly placed, give very lifelike re-
sults to listeners also correctly placed.
We played a couple of HMV *“Stereo-
sonic” tapes (7% ips) in the Royal
Festival Hall, London, in May, 1956,
and my estimate is that about 1000
people out of 2500 heard something far
superior to the best we did with single
channel tape at 30 ips, but the remain-
ing 1500 heard something unbalanced
and unsatisfactory. Admittedly, the
difficulties are far easier to overcome
in small rooms (three channels are
really necessary for large halls), but
placing two loudspeakers and, say, half
a dozen listeners ideally in a fully fur-
nished room is not easy.

But if we forget stereo and use
omni-directional loudspeakers we can
have some glorious sound and sit where
we like! Mr. A. R. Sugden of Brig-

house, Yorkshire, has given convincing
demonstrations on these lines, and we
demonstrated ‘‘Stereosonic” tapes at
the 1956 Audio Fair in London using
the speaker systems shown in Fig. 10.
(The tweeters face upward.)

These views received strong con-
firmation recently when Allen E.
Stagg, manager of International Broad-
casting Company, London, played for
me some two-channel orchestral re-
cordings just made with a newly ac-
quired Ampex 300 machine (speed 15
ips). No special attempts at stereo-
phonic depth had been made—in fact,
the microphones were placed above the
orchestra—with the result that excel-
lent sound could be heard irrespective
of the location of the listener.

One of the main virtues of two-chan-
nel operation is that studio and listen-
ing room coloration is reduced to a
minimum. Also, in view of the ever
prevailing difficulty of achieving per-
fection, “two channel” is a safer and
sounder cognomen for the whole sys-
tem than ‘“‘stereo.” Even movie houses,
which went over to three-channel ste-
reo with such a bang a few years ago,
seem to be slipping and merely piping
doctored sound levels into the various
channels. I suppose they have decided
that good stereo will not replace a good
story.

Fig. 10. Photograph of two speaker systems used to demonstrate two-channel sound.
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Part 4. Listening tests and acoustic response curves,
with method of using live room for useful measurements.

we have examined the problems of

reproduction of sound as affected by
the human ear and listening rooms. In
other words, we have been dealing
with sound waves after they have left
the loudspeaker. We now come to the
subject of this article which is the
transducers themselves.

There are many ways of testing
loudspeakers, but unfortunately there
is no single test which will give us all
the answers. By comparison, testing
an amplifier is child’s play; pickups are
about half way between the two in
elusiveness.

Useful speaker tests should include
the following: objective listening, re-
sponse curves, impedance curves, tran-
sient response and resonances, direc-
tional effects, power handling capacity,
and efficiency. All of these qualities
are seriously affected by the method of
mounting the speaker, a problem which
will merit at least a complete article
in itself. But let us deal with the
questions in order.

Obijective Listening

It is most important to remember
that our raw material is far from per-
fect: with both radio and records we
have to take what we can get. The
idea that records are turned out to a
specified characteristic and can be
played back perfectly by using an in-
verse of the characteristic always
strikes me as fantastic—rather like
believing in astrology, fortune-telling,

IN THE previous articles of this series

or fairies. At the recent Audio Fair in
London I heard more than one demon-
strator say: “This record is AES. I am
therefore playing it with AES correc-
tion and no further use of tone con-
trols.” This he would proceed to do
with a virtuous air, no matter how
awful the results. I can see no sense
in altruism of this sort. The only way
to play records is to adjust the con-
trols to suit the speaker, the room and
number of people in it, and the condi-
tion of the record.

Now that the same original record-
ing is often available to the general
public in different forms, variations in
“characteristics” can easily be found
by comparing the finished articles. The
available forms include the 33% and
45 rpm discs and 7Y% ips monaural and
stereo tapes.

It is not at all strange that varia-
tions should crop up (it would be a
miracle if they did not), but they are,
in some cases, so great that it is diffi-
cult to believe that the same original
material was involved. If the bass on
a record has been attenuated by nar-
row groove spacing in order to get a
complete movement on one side of the
disc, the remedy is to apply some bass
boost to the replay and forget all about
the supposed recording characteristics.

Although we have used disc record-
ings to illustrate the point, our expe-
rience is that tapes display even wider
variations, and top cut to avoid hiss is

" often necessary. In fact, there is .am-

ple evidence to show that the loud-

Loudspeakers

<«~Flg, 11, British Broadcasting Corp. ane-
cholc room showing removable floor.

speaker is still not the only imperfect
link in a modern reproducing chain.

I think it was Robert Browning who
wrote, “What’s come to perfection per-
ishes.” (Actually, I know it was Brown-
ing because I have been thumbing
through my Anthology again.) If the
words are true, it is to be hoped that
we are still a long way from perfection
in the art of sound reproduction.

Similar reservations apply to pro-
gram material from FM radio, which
at its best provides the finest quality
of reproduced music available in Eng-
land today; but if you use a tuner pre-
set to the three available transmissions
(“Home,” “Light,” and “Third” pro-
grams) and switch from one to the
other, the variations in frequency
range and tonal quality are enormous,
and the use of wide-range hi-fi equip-
ment becomes impossible without ade-
quate means of tone control. My expe-
rience is that when the quality on one
program is excellent, the other two are
usually pretty grim.

Response Curves

The longer I test and lister to loud-
speakers, the less importance do I at-
tach to the response curve as the final
arbiter of performance. I suppose the
reason is that we do not listen to mu-
sic with a slide rule. For instance, you
cannot put a speaker in a box or on
the end of a horn without making it
sound as though it is in a box or on a_
horn. You can “tune” the box (reflex
enclosure or Helmholtz resonator to
the expert): you can line it and fill it
with soft absorbents until theoretical
perfection is attained, but you still end
up with a speaker in a box and no re-
sponse curve will show the effect. Of
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course, the bigger the box, the less
“boxy” the results. Fortunately, after
a short period of listening the ear be-
comes punch drunk and no longer no-
tices coloration: hence the ubiquitous
radio receiver and radio-phonograph
combination.

Incidentally, Mr. P. J. Walker had a
similar experience when working on
the design of full-range electrostatic
speakers. He told me that he could
easily increase the output at low fre-
quencies by adopting some form of
resonant enclosure of moderate size,
but once this was done his new speak-
er sounded exactly like much cheaper
moving coils and there was no point in
proceeding.

I submitted the foregoing comments
to Mr. Walker for his approval, and he
added the following very interesting
note:

“I did explore horns, vented enclos-
ures, and completely sealed enclosures.
They all introduced coloration except
one, and that was a long and rigid
tube built of brick with progressive
Fiberglas damping. This was very
good but not very practical.”

As I have advocated bricks for many
years as the cheapest and most effec-
tive way of avoiding panel resonance,
I was interested to have this confirma-
tion of their sterling qualities.

However, Mr. Walker wisely decided
to increase the size of his speaker and
retain its character, which would not
show on a response curve.

There are many different ways of
mounting and loading a loudspeaker—
often with murderous results—and ar-
guments about their merits and short-
comings have gone on for so long that
the newcomer to hi-fi must find the
outlook rather bewildering. In fact,
discussion has been just about as end-
less and indeterminate in this country
as on the subject of capital punish-
ment. I think the following comment
by the Archbishop of Canterbury
would apply in both cases:

“This long and distressing contro-
versy . . . (over capital punishment) is
very unfair to anyone meditating mur-
der.”

No doubt the situation will eventual-
ly be resolved by a general decision to
look on the speaker and its mounting
as one item instead of two, as 1s pres-
ently the case.

In spite of limitations, response
measurement still remains an impor-
tant aspect of speaker tests and re-
quires conditions approaching those of
a free (acoustic) field. These condi-
tions are usually obtained either by
operating out of doors, with the loud-
speaker hoisted clear of the ground,
well away from buildings and other
reflecting surfaces, or by the use of
anechoic chambers.

The first method approaches the
theoretical ideal but is fraught with
practical difficulties due to the vaga-
ries of the weather, wind, and ambient
noises. In Great Britain the weather is
capricious, and suitable dry spells with
little or no wind rarely coincide with
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Fig. 12. Details on construction of absorb-
ent enclosure used for the measurement
of loudsveaker response in live rooms.

periods of technical activity. On the
other hand, anechoic chambers are
very costly to construct. With Fiber-
glas wedges at £1 each, a room of rea-
sonable size may cost upwards of
£5000. The outlay of capital and use
of valuable floor space can hardly be
justified for occasional use. Further-
more, the average, medium sized an-
echoic chamber does not provide free-
field conditions at frequencies below
100/150 cps, and measurements at very
low frequency therefore require expe-
rienced interpretation.

Such limitations would hardly apply
to the free-field room, described in Ol-
son’s "Elements of Acoustical Engi-
neering,” which is 32 feet x 20 feet x 20
feet after treatment (some room!) and
I noticed during a visit to Bell Tele-
phone Laboratories in 1955 that they
have two anechoic chambers—one
large and one small.

I do not know how many of these
rooms have been built here in Eng-
land, but I have visited half a dozen
as follows: BBC, G.E.C., G.P.O., Good-
mans, Hawley Products, and Plessey;
and Mr. Cooke has had a look (forgive
the rhyme!) at the National Physical
Laboratory and the Philips installa-
tions.

The BBC room at its research de-
partment in Kingswood Warren, Sur-
rey, is interesting on account of the
loose grid floor which can be removed
for very precise work. A view taken
from the inside, looking towards the
entrance, is shown in Fig. 11. (I have
no precise information on what hap-
pens if you enter the dead room after
the ironwork has been removed, except
that shouts for help are inaudible.)

The walls, Hoor, and ceiling are lined
with Fiberglas wedges 40 inches long
and the useful room space measures
15 feetx 10 feet, 8 inchesx 7 feet, 4
inches. This gives near-perfect free-
field conditions down to 150 cps, but
useful measurements can be made at
much lower frequencies. A rubber-
tired trolley for moving heavy enclos-
ures can be seen in the doorway. When
work is in progress the entrance is
closed by a heavy door also fitted with
the Fiberglas absorbent wedges.

BUILDING BOARD
LINING TO CABINET 4

ACQUSTIC FILTER
(OR FELT FARTITION)-l

ACOUSTIC —
ABSORBENT =—
LINING

Fig. 13. Five cubic foot enclosed cabinet
used for speaker mounting for response
measurements with Fig. 12 enclosure.

To avoid the difficulties of open-air
working and the high cost of building
anechoic rooms, attempts have been
made to carry out measurements in
live rooms, the effects of standing
waves being minimized by placing the
microphone only a foot or so from the
loudspeaker and by screening off the
space around them with sheets of
sound absorbent having an appropriate
flow resistance. Mr. D. E. L. Shorter
of the BBC showed us some response
curves takKen in this way. The speaker,
which had an unvented cabinet, was
mounted as far as possible from all
obstacles. Using a velocity microphone
to minimize room effects, the curve oh-
tained was within 2 db of the ¢ e-
sponding curve taken in the des” om.
The close microphone positior.  itro-
duces a spurious bass rise (wh. a can
be allowed for), together with some
other errors at frequencies where the
cone breaks up. However, these errors
are nearly constant for a given type of
speaker so that the method can be use-
ful for production checking.

We find that we can get a lot of re-
liable information from curves taken
in the absorbent enclosure illustrated
in Fig. 12, which consists of a light
wooden framework covered with sound
absorbent material, with extra oblique
layers of the same material above the
floor. The frame is built of solid wood
(2" x2") covered by double layers of
resin-bonded Fiberglas each 1” thick.
It is large enough to permit measure-
ments with loudspeaker/microphone
spacings up to one meter (39.37 inches)
and 30 degrees off axis in a vertical di-
rection at that distance.

In a live room, sound from the loud-
speaker reaches the microphone both
directly and after reflection from the
room boundaries. The purpose of the
screen is to increase the ratio of di-
rect to reflected sound. Obviously,
sound waves reach the microphone di-
rectly without attenuation, but reflect-
ed sound is attenuated during its pas-
sage through the absorbent screens.
Because of the close proximity of the
floor it is advisable to use several lay-
ers of absorbent material on the bot-
tom of the screen.
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A further improvement in the ratio
of direct to retlected sound can be
achieved by using a directional micro-
phone with its axis adjusted to dis-
criminate in favor of direct radiation.

There is no advantage in using a
cardioid microphone as compared with
a figure-eight type, because both have
approximately the same ratio of di-
rect/reflected pickup. The velocity
type microphone has two thin lobes
(front and back) whereas the cardioid
has one fat frontal lobe, which in some
cases can be a disadvantage because it
picks up more floor reflections.

A suitable microphone is the Stand-
ard Telephones and Cables ribbon type
4038A, which has a uniform response
from 40 to 12,000 cps to sound at nor-
mal incidence to the ribbon. Satisfac-
tory- direct/reflected sound pickup can
be achieved by keeping the loudspeak-
er/microphone distance as low as one
foot, for measurements up to about
2000 cps. Above this frequency such a
small distance gives erroneous results
because of the reflection effects taking
place at the surface of the cone, and it
is advisable to increase the microphone
spacing to some 3 feet. Fortunately,

FREQUENCY-CPS

we are able to do this without intro-
ducing serious irregularities in the re-
sponse reading, because the absorption
coefficient of the Fiberglas screen in-
creases rapidly with frequency. Where
measurements are required at frequen-
cies higher than 12,000 cps, we use a
miniature Rochelle Salt sound cell mi-
crophone, or a miniature Rochelle Salt
“X"-cut expander block. Both these in-
struments are small enough to have
negligible diffraction effects up to
about 20,000 cps, and both respond to
much higher frequencies.

The loudspeaker under test may be
mounted in the wall of the room—a
perfect and simple infinite baffle—or it
can be placed in a totally enclosed
cabinet similar to the one illustrated in
Fig. 13. This has a volume of 5 cubic
feet, is rigidly braced and lined with
building board to prevent panel res-
onance, and acoustically treated to
avoid standing waves. The absorbent
enclosure of Fig. 12 can, of course, be
placed in front of a loudspeaker al-
ready mounted in a corner cabinet or
horn.

The response curves of Figs. 14 and
15 show the results obtained. A 15/

foam-surround speaker was mounted
in the 5-cubic foot enclosure and curves
were taken in the open air (free-field)
and in the lab (with absorbent enclos-
ure). Incidentally, this 15" unit is nor-
mally recommended for use up to 1000
cps only, because of the rise in output
in the 1000 to 5000 cps region.

It will be observed that the irregu-
larities introduced by the room are
about *=2 db up to 1000 cps and less
than *1 db above that frequency.

The severe low-frequency roll-off be-
low 100 cps is due to the closed box
which is small for a 15" speaker. Fig.
16 shows the output from the same
unit mounted in a 9-cubic foot corner
reflex enclosure built of bricks and
mortar; at 50 cps- the output is some
8 db higher.

It will be appreciated that this in-
door method of taking curves with the
microphone fairly close to the speaker
makes it impossible to include the low-
frequency output from the vent of a
reflex enclosure in the main response
curve. The vent of this 9-cubic foot
enclosure resonates at around 35 cps
and greatly enhances the output in
the region below 50 cps.
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Impedance curves of speaker systems. such
as this Briggs sand-filled 3-speaker corner
enclosure, may be readily taken with a
simple audio generator and high-Z meter.

T THE end of Part 4 reference was
made to the vent output from a 9
cubic foot corner reflex enclosure

and the difficulty of including this in
the main response curve. In order to
see what comes out, one of these cabi-
nets was turned upside down and the
curve of Fig. 1TA was the result. (For-
tunately, sound waves do not know
when they are upside down.) As it was
impossible to prevent some of the sound
waves from the front of the cone reach-
ing the microphone, the vent was then
sealed off and the curve of Fig. 17B
was taken, The output from the port is
therefore that of Fig. 17A minus Fig.
17B.

It is interesting to note that the dip
in response around 200 cps which is
shown in Fig. 18A is replaced by a
peak in the vent output of Fig. 17A.
This may account for the fact that the
dip looks worse on paper than it sounds
to the ear.

Ear vs Microphone

Having stated that a listening test is
more important than a response curve
as the final arbiter of speaker perform-
ance, there must be instances where
the two are in conflict, and where the
pure technician would choose one sys-
tem or modification but a keen listener
would choose another. There can be
little doubt that loudspeaker design is
not purely a technical problem; it is an
art as well as a science.

The theoretical benefits of absorbent
linings are clearly shown in the curves
of Figs. 18A, 18B, and 18C, which were
taken in the open air with a micro-
phone distance of 4 feet. The speaker
is a 15” foam surround unit.

The dip at 200 cps is due to top-to-
bottom standing wave effect inside the
cabinet (distance 35%” ~ half a wave-
length at 200 cps). In the reproduction
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of music the human ear does not notice
a sharp dip on music as readily as it
registers a peak. This dip is partially
eliminated by the treatment of Fig.
18B, and more so by the extra padding
of Fig. 18C which also removes minor
irregularities between 500 and 2000 cps.
The microphone is superior to the ear
in noticing small variations in response.

As the 15” unit is normally used in
the enclosure with a crossover at 1000
cps or lower, the dip at 1200 cps can be
taken as a blessing in disguise.

Now to the question of choice. 1
would wager the proverbial little apple
that nine technicians out of ten would
plump unhesitatingly for the treated
cabinet of Fig. 18C, but I still prefer
the livelier performance of the un-
treated cabinet of Fig. 18A, and so do
the majority of listeners. A treated en-
closure is always available for test and
comparison purposes and we raise no
objection if users like to apply the treat-
ment at home.

It is worth noting that folded corner
horns constitute a form of enclosure
free from absorbent linings and many
listeners like the reproduction in spite
of irregularities from reflecting sur-
faces, which show up on a response
curve but do not necessarily distress
the ear.

Home Tests—A Warning

Before leaving the subject of tests
and response I should like to issue a
word of warning about the use of vari-
able frequency records for heme tests
of loudspeakers. Many test records
with frequency bands going down to
about 30 cps are being sold, but they
can be rather dangerous and very mis-
leading in use.

They are dangerous because they are
used with power amplifiers. A speaker
which will handle, say, 15 watts input
on music might suffer very badly with
15 watts at a spot frequency in the 30-

Checking Speaker

Performance

Part 5. More information on speaker listening tests
and impedance measurements in evaluating performance.

100 cycle region. Only theater-type
speakers could be expected to stand up
to such punishment. A reasonable do-
mestic limit would be 3-5 watts, ac-
cording to size of speaker and type of
enclosure.

Most frequency records are mislead-
ing for many reasons: in fact, no self-
respecting engineer would waste time
trying to test speakers with such doubt-
ful material; he would use a first-class
b.f.o. Pickup and tone arm resonances
are still prevalent and rule out any
accurate assessment of speaker per-
formance.

But, in any event, it should be
stressed that frequency tests of loud-
speakers always require experienced
interpretation, because misleading
buzzes and rattles often arise. A cotton
bag over the speaker may vibrate and
cause a rattle at one frequency, but not
on music; a piece of mesh may do the
same. A panel of wood or an object in
the room near the speaker may vibrate
and sound exactly like a speaker fault.
The cone in a loudspeaker with the very
desirable attribute of free suspension
can move such a big distance with large
input at its resonant frequency that it
might actually hit the fabric or mesh
placed over the speaker opening; many
amateurs would mistake this for a
fault.

In writing the foregoing, I do not
seek to deter users from making tests;
I only wish to advise extreme caution,
with a warning that 3 watts at 1000
cps may sound very loud, but below
100 cycles it begins to sound softer and
softer due to the ear, and it is foolish
to try to make 40 cycles sound as loud
as 1000 by stepping up to 20 watts or
more,

It is also most important to remem-
ber that it may be misleading to judge
the performance of a speaker by its
power handling capacity; it must be
judged by what comes out—not by what




Fig. 17. (A) Open air response curve with
microphone close to vent of 9 cu. ft. cor-
ner reflex cabinet. Input 1 watt at 400
cps. (B) Same setup as described for part
A of figure except port closed to show the
stray radiation from front of cone. wmmp

goes in. After all, nobody praises a
meal in a restaurant simply because
it was expensive. It is clear that
acoustic enclosures—especially small
ones—usually restrict cone movement
and make it possible to pump 10
or 15 watts into a speaker which
might knock badly at some low
frequency at 5 watts on open baffle,
where the cone is free to move
as it listeth. Any assumption that the
enclosure is therefore two or three

times as good as the open baffle would
be a fallacy, because it is obvious that
restricting cone movement reduces out-
put and results in much waste of
energy in small infinite baffles. Helm-
holtz resonators and exponential horns
do, of course, help to push the low-fre-
quency sound waves into the room
where they are wanted, but even these
devices are not always as efficient as is
generally believed. There is room for
further investigation here and we are
hoping to deal with the question in
some future article in this series. Di-
rectional effects are mainly responsible
for the so-called efficiency of horn load-
ing, and an open baffle is probably no
less efficient in an average listening
room (down to cut-off frequency due to
size of baffle) because all the sound
generated by the cone on both sides is
used. The only way to increase such
sound is by resonance and nobody
~wants to hear induced speaker reso-
nances above 60 cycles.

To sum up on the question of home
tests, my advice would be: (a) Always
start frequency tests with the volume
control in the minimum position and
turn up cautiously, (b) judge low fre-
quency performance by purity of sound
rather than amount of noise, (¢) do not
expect too much below 40 cycles (Hap-
py is he that expecteth nothing.), (d)
move about when listening, as position
in room makes a big difference in what
is heard at various frequencies, and (e)
remember that pickup and tone-arm
resonances still exist, and if one of
these coincides with a speaker reso-
nance quite hefty effects may be pro-
duced.

This brings us to the end of the sec-
tion dealing with response tests.

For furnishing a quick and reliable
picture of the status of different speak-
er systems, an impedance curve is al-
most sine qud mon. Proud owners of
multi-speaker systems with six woof-
ers, six squawkers, and a battery of

Fig. 18. (A) Open air response of 9 ==>
cu. ft. corner enclosure made with sand-
filled panels. No absorbent lining was used
here. The input was 2 watts at a frequency
of 400 cps. (B) Same conditions as for
part (A) but with glass tiber scattered on
the bottom of cabinet. (C) Same as for two
previous tests but with sides, top, and bot-
tom lined with 1 inch cellulose wadding
and fitted with Wharfedale acoustic filter.
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Fig. 19. The above impedance curves show the difference between series (A) and

parallel (B) connections of the same two
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Fig. 20. Impedance curve of a 12-

inch speaker unit fitted with a cop-
per voice coll (A) compared to a unit
fitted with an aluminum voice coil (B).

COPPER

\—CENTER POLE

Fig. 21. Copper damping cap adopted
by Philips to reduce voice coill induct-

ance and Iimprove the performance
obtainable at the higher frequencies.

tweeters might well produce a level im-
pedance curve as evidence of good per-
formance.

The impedance curves of Fig. 19 show
the difference between series and par-
allel connection of two speakers with
different resonances. Parallel working
always helps to smooth out irregulari-

speakers having different cone resonances.

ties and is preferable to series connec-
ton for the practical reason that one
speaker continues to work if the other
breaks down, and because series con-
nection destroys much of the benefit of
the high damping factor of the modern
amplifier (there is virtually a resist-
ance in series with each speaker).

Two basic faults of the moving coil
speaker have always been the rise in
impedance at fundamental cone reso-
nance and at frequencies above 1000 to
2000 cps. The effects of the bass reso-
nance have been largely counteracted
by the high damping factor of the mod-
ern amplifier, and the steep rise in
impedance with frequency has been re-
duced by the use of aluminum voice
coils and other devices. The effect pro-
duced by an aluminum coil is clearly
shown in Fig. 20.

Jne advantage in using two or more
speakers with or without a dividing
network is that a more uniform imped-
ance/frequency characteristic is pos-
sible. This is clearly shown in Fig. 22,
where the impedance of a three-speaker
baffle system (referred to in the article
on listening rooms) is shown to be vir-
tually flat apart from the bass reso-
nance in the 20-50 cycle region where
it is taken care of by the damping
factor of the modern amplifier.

By using three speakers with voice
coils of different resistance it is pos-
sible to vary the current flowing
through each speaker and so obtain a
balanced over-all performance. In the
set-up in question, the voice coils vary
between 7 ohms and 17 ohms d.c. re-
sistance and are so arranged that the
big unit does most of the work at low

Fig. 22. The impedance curve of the three-speaker baffle system described In text.
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frequencies, but the tweeter takes pre-
cedence at the other end of the scale
through a 4 ufd. capacitor. The middle
speaker is not allowed to make a nui-
sance of itself in any region—it merely
helps to smooth the results. All this is
done without the cost—in decibels and
dollars—of a dividing network, which
is usually essential with reflex and horn
loading.

Apart from mass, it is the inductance
of a voice coil which causes the rise in
impedance as the frequency goes up.
For a given resistance, the inductance
of an aluminum coil is about 30% less
than copper. It was shown by Dr. Olson
that the inductance in the voice coil
can be reduced by covering the center
pole of the magnet with copper. Philips
has recently produced an interesting 8"
speaker with a center pole design as
shown in Fig. 21.

With this arrangement there is some
loss of flux density as it is obviously
necessary to reduce the diameter of the
center pole to make room for the layer
of copper. If this is .010” thick the
magnet gap must be increased accord-
ingly. On a 1” center pole with a given
magnet this would reduce a 13,000
gauss magnet to about 12,000 gauss.

Another method of avoiding undue
rise in impedance is to use a powerful
magnet and saturate the pole tip; this
is costly but it retains the benefits of
high flux density, and has been adopted
in one model by Goodmans.

Table 1 shows the rise in impedance
between 400 and 15,000 cps with the
various systems which have been dis-
cussed; broadly speaking, the improve-
ment is in each case related to cost, but
the aluminum coil is by far the cheapest
device.

It is nearly ten years since I wrote
the following in a little book:

‘““Whereas response curves vary
enormously according to the method
of taking them, and may even re-
quire a pinch of salt to aid digestion,
an impedance curve at a given vol-
ume level can be accepted as a state-
ment of fact.”

These words are just as true today
as they were then. A perfect loudspeak-
er would be one which looks like a pure
resistance at all audio frequencies. The
basic weakness of the electrostatic de-
vice is that, from the point of view of
matching the amplifier, it looks like
nothing on earth. Before Messrs. Jan-
szen, Pickering, Leak, and Walker draw
their revolvers and start shooting, I
hasten to add that I am not insinuating
that good and proper transfer of power
is impossible; I only say it is a pity it
is not easier and simpler to do.

Table 1, Impedance of speakers discussed.

IMPED-
IMPEDANCE
et (at 400 cps) |ANCE (t
8” (copper coil) 13 ohms 63 ohms
8” (aluminum coil) 8 18 ”
12”7 (copper coil) ” 81
12” (aluminum coil) 14 33 ~

8” (copper ring) 6.3 10 ~

8” (less copper ring) 6'.3 o 28
8” (saturated pole 18.5 " 245"
21
T i 4 - _ s ——=. I
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& Transient Response

tween amplifiers and electrostatic

speakers is rather involved and the
problems are not yet generally under-
stood. Mr. R. E. Cooke, our technical
director, has been making an inves-
tigation into what -happens, and I do
not mind admitting that I read his
findings in statu pupillari (as a stu-
dent); he admits with becoming
modesty that he learned quite a bit
himself. Here is the report in Mr.
Cooke's own words. (As this is the
sixth article in the series, it is time
he showed his hand.)

For the sake of simplicity we usu-
ally refer to impedance by its numer-
ical value alone, but, as the term
implies, we are really dealing with a
complex mixture of resistance and re-
actance. Reactance is the technical
term for the blocking action due to
an inductor or capacitor and the
amount of reactance associated with
a given impedance is often expressed
as a phase angle. The sign of the
phase angle, i.e., plus or minus, indi-
cates whether the reactance is induc-
tive or capacitive in nature, as the
case may be.

For the purpose of simple discussion
we can say that a phase angle of +90°
corresponds to pure inductance and
—90° corresponds to pure capacitance,
while zero angle indicates pure re-
sistance. Intermediate values relate
to mixtures of resistance and react-
ance which may be inductive (posi-
tive) or capacitive (negative) in
character.

Fig. 23 shows the phase angle and
impedance characteristics of a 10"
moving-coil loudspeaker with foam
suspension when mounted on a plane
baffle 23 feet square. The measure-
ments were carried out using a Muir-

THE question of load matching be-

'r. -

2l

Part 6. Matching electrostatic tweeters to amplifiers,

and factors that affect transient response of speakers.

head impedance and phase angle
meter Type D-728A in conjunction
with a b.f.o. and standard resistance
box. The impedance curve is quite
ordinary and shows the usual peak
at the fundamental resonance fre-
quency, with a gradual rise above
400 cps due to voice-coil inductance.
The phase angle curve is relatively
unfamiliar, however, and shows that
this typical unit behaves like a pure

resistive load at two frequencies only.
The lower one corresponds to the
fundamental resonance at 31 cps, and
the upper frequency is 300 cps which
occurs in the region of the lowest
impedance value normally used for
matching purposes. Between these
two frequencies the loudspeaker is
capacitive in its behaviour, while out-
side that region it behaves inductively.

We know from experience that most

Fig. 23. Phase angle and impedance of 10” moving-coil speaker on a flat batfie.
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power amplifiers are quite happy when
feeding loads of this type but it is
generally accepted that electrostatic
speakers present some new load
matching problems; so we cannot do
better than start by inspecting the
phase-angle and impedance curves of
a typical push-pull electrostatic
tweeter of the latest type.

These are shown in Fig. 24, and we
can see at once that electrostatics
behave quite differently from moving
coils. This particular electrostatic unit
contains a built-in high-pass filter in-
corporating an inductor, which ac-
counts for the peak in the impedance
curve as well as for the positive phase
angle below 2000 cps. Although the
operating range is from 500 cps up-
wards, the interesting part of the
curves is in the region above 3000 cps,
where the impedance falls rapidly to
5 ohms at 15,000 cps although the unit
is nominally rated at 16 ohms. Over
a large part of the working range the
phase angle is around —80° which
approximates to a pure capacitance.
This contrasts sharply with the mov-
ing-coil unit, which is inductive in the
upper frequency range. Many power
amplifiers employ over-all negative
feedback taken from the secondary of

the output transformer. The loud-
speaker load is therefore included as
part of the feedback loop and its
phase characteristics must be taken
into account. In order to maintain
stability, the phase of the feedback
voltage must remain within certain
limits and some amplifiers which have
been designed to work with moving-
coil loudspeakers may become unstable
when faced with electrostatics.

However, there is no fundamental
difficulty in building an amplifier
which will remain stable while feeding
this type of load and in course of time
all high-quality power amplifiers will
be designed with such operating con-
ditions in view.

The real snag in matching an electro-
static loudspeaker to its driving ampli-
fier is the problem of developing an
adequate voltage across the loud-
speaker terminals over the whole
operating frequency range. The trou-
ble arises because vacuum tubes are
voltage amplifying devices which do
not like working into low impedances.
Consequently, although the average
amplifier is not unduly worried by
loads greater than the nominal
matched impedance, the onset of dis-
tortion is usually serious if the load

Fig. 25. Effect of varying load resistance on maximum output voltage at 15,000 cps.
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LOAD RESISTANCE IN OHMS

impedance falls very much below the
nominal matched value, and the same
power output is expected.

In order to obtain some factual in-
formation, tests were carried out on a
good quality power amplifier of repu-
table vintage. Its power output was
rated at 12 watts and its nominal
matching impedance was 16 ohms.
Fig. 25 shows the effect of varying
load resistance on the maximum out-
put voltage at 15,000 cps. Similar
results were obtained at other fre-
quencies in the working range; 15,000
cps was adopted here because we
happen to be interested in high-fre-
quency performance for purposes of
this discussion. The curve shows that
the maximum voltage available, just
short of clipping, falls away drastically
as load resistance is reduced. For ex-
ample, with -a resistance of 5 ohms
only 4.5 volts were available as com-
pared with 15 volts across 16 ohms,
corresponding to a drop of 10.5 db in
maximum output voltage. In other
words, when faced with a load re-
sistance of 5 ohms the output of this
amplifier is only equivalent to 1%
watts related to its matching im-
pedance of 16 ohms.

Fortunately, most practical ampli-
fiers seem to have a slightly better
performance as regards distortion and
overload when working into reactive
loads, and it appears that the re-
sistance load is the worst case. When
the electrostatic unit was connected
to the amplifier used for the previous
test, a maximum voltage of 5.7 was
obtainable at 15,000 cps which, al-
though better than the 4.5 volts ob-
tained with a resistive load of the
same value (5 ohms), is still 9 db
below 15 volts.

This drop of 9 db does not mean
that the output will be 9 db down at
15,000 cps during normal operating
conditions. What it does mean is that
this particular amplifier/loudspeaker
combination will handle 9 db less input
at 15,000 cps without distortion, rela-
tive to the mid-range input.

Thus if the amplifier is fed with a
15,000 cps signal and the level gradu-
ally increased, it is obvious that dis-
tortion will occur earlier than would
have been the case with a load im-
pedance of 16 ohms or more. The
position could of course be eased by
treating the loudspeaker as a 5-ohm
unit and rematching with a suitable
transformer, but this would result in
a loss of sensitivity amounting to 5 db
which would be unacceptable, espe-
cially in view of the fact that the
electrostatic unit is already less sensi-
tive than high-flux, moving-coil types.

Full-range electrostatic loudspeak-
ers behave in a similar fashion at high
frequencies, but the impedance can be
prevented from rising too severely at
middle frequencies by crossing over to
an electrostatic bass section at a care-
fully chosen point. Clever circuit de-
sign also helps matters here, an arti-
fice not open to the tweeter manufac-
turer because he has no control over
the type of bass speaker with which



his unit may ultimately have to work.

As the frequency goes down, the
impedance continues to rise, as one
would expect with a capacitive device.
In a typical case the impedance of a
nominal 15-ohm electrostatic unit
reaches 30 ohms at 40 cps. This is
actually a benefit because the electro-
static is a voltage-operated device and
the rising impedance insures that the
amplifier can maintain its drive down
to the lowest frequencies. On the
other hand, the operation of a moving-
coil speaker depends upon current, so
that an impedance rise at low fre-
quencies results in more difficult con-
ditions for bass reproduction.

The question which now arises is
whether this falling high-frequency im-
pedance will cause the amplifier to
run into distortion on speech and
music, and here the usual crop of if’s
and but’s begins to sprout. Certainly
there is a tremendous amount of en-
ergy in sounds such as a cymbal crash,
which make heavy demands upon the
power amplifier, especially if recorded
out of balance and reproduced at high
level. It is therefore likely that elec-
trostatic speakers will require the use
of amplifiers in excess of 15 watts’
rating if full-blooded reproduction is
required. This increase in power is
necessitated partly by the lower sen-
sitivity of current electrostatic designs
as compared with moving-coil types
and partly by the mismatch referred
to previously. It seems likely that
30-50 watt amplifiers will become more
common as the electrostatic era dawns
and develops.

Now that we have reached the sub-
ject of loudspeaker watts, this seems
a good place to point out a ‘few com-
mon fallacies. With the moving-coil
loudspeaker most of our calculations
are based on the nominal impedance
at around 300-400 cps where we see
from Fig. 23, the load is almost a
pure resistance. In these circum-
stances it is permissible to calculate
the power absorbed by the speaker
from the formula:

Power = Z watts

where: V = voltage across voice coil
Z = loudspeaker impedance in
ohms.
Thus in the case of the unit of Fig. 23,
for 4 volts across the voice coil the
power input would be:

42
15

At all other frequencies, variations in
impedance and phase angle must be
taken into account by inserting phase
angle into the formula, thus:

V? cos ¢

= 1.07 watts

Power = watts

where: ¢ is the phase angle.

Hence for the same 4 volts at 31 cps,
the power input has fallen to 0.05
‘watt. Although the power input to
the unit has fallen so drastically, it
must be remembered that the effi-
ciency has increased enormously, due

24

Fig. 26, Actual photographs of oscilloscope records of the shock effect on various
speaker/cone/coil/magnet assemblies. (A) A 6.inch unit with low flux density,
corrugated cone suspension. Note ‘ringing” with exponential decay rate and 22
vibrations before cone comes to rest. (B} A 5-inch unit with high flux density,
cloth suspension, and a finer spider. Note big improvement over part A. Input
at 0.5 volt. (C) Same as part B, but magnet reduced from 13.000 gauss to 5000,
Note the 7 or 8 oscillations instead of the previous 4 or 5. Input increased to

1.5 volts to make up for the loss of sensitivity.

(D) An 8-inch speaker with

8000-gauss magnet. A corrugated cone suspension is used. (E) Same as for part
D but speaker uses an 13,000-gauss magnet. Note the greater sensitivity and
better damping shown by the rapid rate of decay. with fewer oscillations. (F) Same
as for part E but with cloth suspension, which lowers the frequency of the cone

resonance and, in addition, reduces the number of vibrations.

{(G) Goodmans

8.inch unit with free-edge cone and saturated pole. Low resonance frequency and
rapid decay rate is shown. (Note: The unit was referred to in previous article,)
(H) A typical 12-inch unit with corrugated cone and a 13.000-gauss magnet. (J) Same
as for part H but with cloth surround. Note the obvious improvement. (K) Same as
for part J but magnet improved to 17,000 gauss. Again there is an obvious im-
provement. (L} A 15-inch unit with a large magnet. There is little or no ringing here.

to the fundamental resonance which
occurs at 31 cps. The actual souynd
power output is therefore maintained
to a great extent. Similarly, at 15,000
cps the input power is 0.16 watt, but
here there is no resonance to boost
efficiency so that the output falls
accordingly. (Hence the importance of
avoiding the impedance rise as much
as possible, as already pointed out in
Part 5.)

It is interesting to look at the elec-
trostatic tweeter from the point of
view of power absorbed for the same
input of 4 volts. At 1950 cps where
the phase angle is zero, the power
absorbed is % watt, while at 15,000
cps the power is 1% watts.

These few figures should suffice to
show how meaningless it is to talk of
loudspeaker watts by merely consider-
ing voltage and rated impedance.

Generally speaking, however, we are
not concerned with the actual power
absorbed by the loudspeaker, but by
the voice-coil current in the moving-
coil type and the voltage across the
plates in the electrostatic type. Thus
we strive to keep the impedance from
rising in the case of the moving-coil
and from falling in the case of the

electrostatic. With typical contrari-
ness, nature opposes our efforts.

Transient Response & Resonances

These qualities are taken together
because one is dependent on the other.
Absence of resonance (or ringing)
ipso facto results in good transient
response provided a sufficiently wide
frequency range is covered.

The basic difference between a loud-
speaker and a musical instrument is
that in the one all resonance should,
in theory, be avoided like the plague,
whereas in the other maximum reso-
nance is the objective. Piano makers
strain at the leash to increase the

effectiveness of the soundboard or
resonator, but the worst loudspeaker
I ever heard was the result of fixing
a moving-coil driver to a point on the

Fig. 27. Shock tests showing effect of mag-
net. (A) A 10-inch loudspeaker unit with
a 10,000-gauss magnet. (B) Same as for
part A but with a 14.000-gauss magnet.

Fig. 28. Shock tests showing the effect of various cone suspensions. (A) A 10-inch
unit with corrugated cone surround. (B) Same unit with cloth and (C) fodm surround.
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soundboard of a piano. (It is impos-
sible to make speakers for 25 years
without trying a few silly ideas.)

The main resonances in a moving-
coil unit are due to (a) fundamental
cone resonance; (b) cone break up;
(c¢) surround resonance; and (d) reso-
nance of spider or centering device. In
so far as the electrostatic speaker
avoids these pitfalls it can be said to
have a better transient response, but
it must not be assumed that moving-
coil design remains stagnant. The
main cone resonance is virtually
damped out by the modern amplifier
and by high flux density in the mag-
net. The effects of cone break up can
be side-stepped by the use of dividing
networks, by soft cone texture in large
speakers, and stiffer diaphragms in
small wunits., Surround resonance is
avoided by using soft cloth or foam
plastic surrounds or by completely free
suspension. The centering device is
still a necessary evil with moving-
coils, but its resonance is the least
objectionable of those cited. In small
units limited to frequencies above 1000
cycles, the conventional spider or cor-
rugated disc can be dispensed with and
the coil can be held in center with a
simple cloth disc which is entirely
resonance-free. (We adopted this ar-
rangement on a 3" unit several years
ago with complete success.)

The diaphragm in a moving-coil
speaker is receiving shock after shock
and it is this state of affairs which
colors the reproduction. Pictures of
the effect of shock treatment are
therefore not without interest, and a
few are reproduced in Fig. 26. The
voice coil is held off its central posi-
tion by applying a suitable value of
direct current. When the circuit is
interrupted the voice coil moves and
the e.m.f. generated in it as the
vibrating coil cuts the magnetic field
operates the oscilloscope by the trig-
gered time base, the result being
photographed.

In all cases shown in Fig. 26, wider
spacing between vibration peaks indi-
cates a lower resonance frequency of
the cone. The benefits of high flux
density, non-resonant surrounds, and
free suspension with low cone reso-
nance are clearly shown. The cone
assembly in examples 4 and D is ob-
viously: behaving like a drum and is
typical of the cheap, mass-produced
speaker.

It will be seen from Fig. 27 that
with the same input voltage and
identical cone and coil assembly the
deflection of the voice coil is almost
three times as great with the higher
magnetic flux, but the coil comes to
rest with half the number of oscilla-
tions. Translated into speaker per-
formance, this means much higher
sensitivity (or fewer watts from the
amplifier!) plus cleaner reproduction
and superior transient response. In
fact, the virtues of high flux density—
or in other words expensive magnets
—are beyond dispute and are con-
firmed by the most primitive hstemng
test.
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—Transients and

Directional Effects

Part 7. How speaker mounting affects transient

response ; how to avoid high-frequency beaming.

the effect of shock treatment on

various speaker units was illus-
trated, but as a high-impedance source
of about 56 ohms was used, the re-
sults showed more “ringing” than
would occur under normal conditions
of use where the high damping factor
of the amplifier plays a not insignifi-
cant part.

The following tests show the effect
of different methods of mounting a 10"
speaker, 10-15 ohm type, with the
source impedance reduced to 15 ohms
to give a damping factor of about one-
to-one. With open baffle mounting and
a good magnet it will be seen from
Fig. 31A that ringing has been virtu-
ally eliminated, in spite of the large
initial displacement of the voice coil. A
comparison of this curve with the
others (B, C, D, and E) confirm the
contention that you cannot put a
speaker unit in a cabinet or on a horn
without making it sound like it, be-
cause it affects the natural movement
of the cone.

The cleanest results are obviously
ohtained from the open baffle, but na-
ture is again ‘perverse and limits our
bass output by the size of the baffle.
If we counteract this by increasing the

. bass input by 6 db per octave we tend
to overload the unit, hence the de-

AT THE end of the previous article

Fig. 31. Shock tests showing effect of speaker mounting. A 10” foam-surround,

Fig. 29. Effect of 7" x 1” slot diffuser
on 8” wall-mounted speaker. Mike is
18” on axis in open air. (A) shows the
response without and (B) with diffuser.

Fig. 30. Same as for Fig. 29 except that

velopment of so many resonant enclos-
ures and folded horns. But a couple of
speakers in parallel on a baffle give a
3 db gain at low frequencies, and
double the power handling capacity,
and various methods of damping to
avoid excessive cone movement and
distortion, without boxing in, are pos-
sible.

It would be difficult to give a com-
plete technical explanation of the re-
sults as shown in Fig. 31, but the
following points strike me as signifi-
cant. The reflex enclosure (B) reduces
cone movement but increases power
handling capacity. The corner model
(C) weighs 44 pounds and shows signs
of panel resonance, which can be heard
in the program material. The huge
and heavy exponential horn (D) is

probably better than any folded horn

but, surprisingly, still shows signs of
metal ringing which is faintly audible
on program.

The brick enclosure (E) shows a
clean line and lowest resonance of the
lot but is followed by slight traces of
enclosure resonance, again faintly au-
dible on program.

The circuit used for the tests is
given in Fig. 32. A scope with a
driven sweep is used. R, gives control
of the input voltage (E,) and R. en-
ables the d.c. voltage across the oscil-

mike is 30 degrees off axis.
sponse without and (B) is with diffuser.

(A) is re-

loscope terminals to be balanced out
and so avoid the false transient due to
the a.c. coupling of the scope input
circuit.

Cone Breakup: Poor transient re-
sponse is not entirely due to insufficient
voice-coil damping. We are still left
with the serious problem of low
damped resonances in the cone itself
and in the enclosure (if one is used)
which are so loosely coupled to the
driving system that electromagnetic
damping is impossible. The effect of
these resonances is to produce ringing
and hangover at the various frequen-
cies concerned and this, in turn, is
manifest as coloration on speech and
music.

Cone breakup usually results in a
rise in output in a region above 1 kec.,
but before this is condemned out of
hand a word of warning should be
given. Many reflex enclosures boost
the bass by resonance, but mask the
upper register, and therefore require
a speaker unit with strong output in
the treble for a reasonably balanced
performance. A ‘“perfect” speaker unit
with flat response would sound awful
used alone in such a cabinet.

Various techniques have been de-
vised for studying transient decay be-
havior using chopped tone and pulse
excitation, but none of these methods

14.000-gguss unit was used. Source

impedance was 15 ohms and input was 4 volts. (A) Speaker mounted in plane baffle 2%z feet square. Note clean movement
with abrupt finish. (B) Speaker in 2 cu. ft. reflex cabinet. Cone movement reduced, ringing drops off -at exponential rate.

(C) Corner horn-loaded reflex cabinet made of %” plywood.

Uneven kink with continuous ringing. (D) Large exponential

horn. 5% feet long. 4 foot mouth, weighing 175 lbs. Note ringing from metal horn in spite of heavy construction. (E) Brick
9 cubic foot corner enclosure employed for the speaker, There was a large movement of cone with low resonance frequency.
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has proved completely successful. The
best tests to date are probably sub-
jective ones employing white noise and
male speech, as the coloration im-
parted to these sounds is quite dis-
tinctive on the 4-B test. With experi-
ence, it is possible to locate roughly
the trouble region by listening care-
fully to white noise. Panel resonance
can be exposed by banging a cabinet
with a hammer or even the fist; the
general pitch of the sound so produced
with flimsy enclosures is easily heard
as coloration on white noise. Unfortu-
nately white noise cannot be used as
a complete guide until somebody pro-
duces the perfect speaker as a 100%
reference point, so that we know ex-
actly how white noise ought to sound.

General Definition: A transient is an
energy pulse where the intensity
changes over a wide range in a very
short time. A hand-clap is an example
of a sound with steep starting tran-
sients at high frequencies, but the
termination is of equal transient sig-
nificance. Wide frequency range and
absence of hangover or ringing are
clearly necessary for good transients
of both varieties.

Centering Devices: Even the center-
ing device has an effect on high-fre-
quency performance and transient
response, Corrugated discs are now
used on the majority of loudspeakers
because of speed of assembly, concen-
tric reliability, and dustproofing of gap.
But the open spider made of fine
Bakelized fabric may give slightly bet-
ter high-frequency performance and
improved transient response. There are
two main reasons. The disc is made
with a neck about 144" in depth which
is necessary for glueing the device to
the cone and coil assembly. This has
a damping effect on the transmission
of the highest frequencies from coil to
cone. The edge of the Bakelite spider
is much finer and harder and this
device also has a very quick restoring
action on cone movement which cleans
up the transient nature of the repro-
duction to am audible degree on A-B
testing.

Directional Effects

It would be difficult to over-empha-
size the importance of directional ef-
fects in middle and upper registers
when natural reproduction is the ob-
jective. High-frequency beaming is
often objectionable. Even in the Royal
Festival Hall the effect of tilting
middle and treble units upwards or to
an angle of 45° can be observed by a
listener at the back of the stalls at a
distance of more than 100 feet, In fact,
I would go so far as to say that satis-
factory reproduction in a concert hall
is impossible if these directional effects
are not carefully studied and con-
trolled.

One of the simplest ways of spread-
ing an objectionable beam and reduc-
ing peaks at 1-5 ke¢. resonance is to
fit the well-known “KB” slot in front
of the cone as illustrated at the left in
Fig. 33.

* The length of the slot should be the
same as the piston diameter of the
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cone, the width being determined ac-
cording to the frequency range in-
volved; it is most effective when it is
less than the wavelength. Thus 1” wide
will answer for frequencies up to
13,500 cps. With a 5” speaker, a slot 3"
long and 3" wide is about right.

The oscillograms of Figs. 29 and 30
show the effect—on and off axis—of
placing the slot diffuser in front of
an 8” unit which gives excellent results
in a small Helmholtz resonator but
needs some control in the 1 to 5 kc.
region when mounted on an open baffle.
For this test, the speaker was mounted
in a wall facing outside-—-probably the
best arrangement ever devised for
speaker measurements. The micro-
phone distance was 18”"—rather close
—but the object was to study the
effect of the diffuser rather than to
produce an accurate response curve.

It will be noted that the output on-
axis with the diffuser is about the
same as 30° off-axis without the dif-
fuser. The use of the diffuser greatly
reduces the difference between axis
and off-axis results. In short, there is
much to be said for the device at fre-
quencies ahove 1000 cycles, but with a
single speaker covering the entire
range there is severe obstruction at
low frequencies. This can be largely
overcome by altering the shape of the
slot and adding extra holes, as shown
at the right in Fig. 33.

Suitable dimensions for general use
are:

Speaker 8" 107 12"
Width of slot 1 1 1
Diameter of four

circles 2” 21" 3
Length of straight

portion of slot 3" 3" 4"
Over-all length of

main slot ” 815" 10"

A sample diffuser can easily be cut
out of a piece of cardboard for test
and placed in front of the loudspeaker.
If the effect meets with approval, a
permanent sub-baffle of plywood can
be made at moderate cost.

In order to test the effect of the
modified diffuser, discs of aluminum
foil (genus—milk bottle tops) were
glued to the surface of the cone of an
8" speaker, fitted with aluminum voice
coil to give some output even at 15 kc.
The discs produced a mighty peak in
output in the region of 2000 to 6000
cycles, with a rise of about 10 db,
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Fig. 32. Here is the circuit (after E.
M. Price} used for transient tests.
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Fig. 33. Appearance of the Kolster-
Brandes Ltd. slot diffuser is shown at
the left. At the right is shown a mod-
ified diffuser designed for use with
a single speaker. This diffuser avoids
resonance and restriction of output at

the lower qudio frequencies. Quarter-
inch or %" plywood may be employed.

which was virtually removed by the
slot diffuser, as shown in Fig. 34.

It will be observed that the effect
of the diffuser is not very severe at
frequencies above 6000 cps and it is
negligible at frequencies below 2000.
Incidentally the audio-frequency signal
came from an amplifier with almost
zero output resistance so the cone
resonance in the bass is completely
damped out.

Tests for drop in output at 30° off-
axis showed an average fall of 6 db
above 2000 cycles with no diffuser
against an average loss of 3 db with
diffuser. In plain language, this means
that the diffuser reduces beam effect
on-axis and improves the relationship
between axis and off-axis response.

On the other hand, if you do not
want to be bothered with diffusers, you
can always turn the offending speaker
with its face to the wall or pointing
upwards; this gets rid of beam effects
and camouflages peaks in response to
a remarkable extent because the room
gets to work on the sound waves be-
fore they reach the ear of the listener.
If you are completely averse to beams
and peaks you can fit a diffuser and
turn the speaker away or tilt it at a
suitable angle.

Fig. 34. Oscillograms of response of 8” speaker with metal discs on cone. Curves
taken in open air at an input of 1 watt. Mike is at 18” on axis. Speaker mounted

in wall.

(A) shows the response with a normal 7” diameter hole in the baffle.

(B) is response with modified diffuser of Fig. 33 place in front of normal baffle.
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Fig. 35. Oscillogram of pickup output showing the full orches-

tra at the left, which is then followed by drums and cymbals.

SPEAKER POWER
and EFFICIENCY

Part 8. Factors that determine the power handling

ability and the efficiency of high-fidelity speakers.

used to subdue peaks in the upper

register and reduce beaming
effects. The problem can also be
tackled electronically in the speaker
circuit by using a filter.

A dividing network in multi-speaker
systems is designed to limit the activi-
ties of each unit to its most satisfactory
audio range and has become almost
standard practice in wide-response in-
stallations. It is obvious that similar
controls can be used on a single speaker
or on two or more units working in
parallel, although the full effect of a
dividing network will not be obtained.
There is, however, the benefit of
smoothness from units working in
parallel due to cancellation of reso-
nances which rarely occur at identical
frequencies in different speakers. The
filter now described was made up by
Mr. R. E. Cooke, and could easily be
assembled at home by the average
experimenter. It gives continuously
variable attenuation up to 15 db cen-
tered around a choice of five frequen-
cies, 2, 3, 4, 5, or 6 kc., selected by a
switch. The “off’’ position of the switch
enables rapid A—B comparisons with
unmodified response of the speaker (s)
to be made without altering the re-
sistor setting.

The filter consists of a parallel-tuned
LC resonant circuit shunted by a
variable resistor R. The tapped air-
cored inductor L is wound by hand; the
1 pfd. capacitor C may be any good

WE HAVE seen that a diffuser can be

paper type obtainable from jobbers.
R is a wire-wound, linear taper vari-
able, and § is an ordinary 6-position
switch. The full circuit is given in Fig.
36.

The filter is placed in series with the
loudspeaker, and the switch gives
maximum rejection at various frequen-
cies as follows:—

L
6.2mhy (SEE TEXT)

sl 3,
s
p—-=06 |
A —-
! son{R l
NPUT C £ wfd. SPEAKER

? N
Fig. 36. Filter circuit that can be em-

ployed as tone control with speakers of
8-15 ohms impedance. (after E. M. Price)

Fig. 37. Dimensions of the 6.2 mhy. tapped
coil used in the filter circuit. 303 turns
of No. 18 British SWG (No. 16 AWG) d.c.c.
wire is used with taps at 215, 163, 133,
and 112 turns for 2.8, 1.6, 1. and .7 mhy.
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POSITION INDUCTANCE OF TROUGH

1 6.2 mhy. 2 ke.

2 2.8 mhy 3 ke.

3 1.6 mhy. 4 ke,

4 1.0 mhy. 5 ke.

5 0.7 mhy. 6 ke.

6 Filter off

With B set at its full value of 50

ohms, the maximum dip in response of
about 15 db for each switch position is
produced. A general picture of results
is given in Figs. 39 and 40.

The air-cored inductor L consists of
303 turns of No. 18 SWG (No. 16 AWG)
double cotton-covered copper wire.
Tappings are brought out as shown in
Fig. 36. The total resistance is only
1.2 ohms so the insertion loss is negli-
gible outside the region of resonance.

Power Handling and Efficiency

These qualities in a loudspeaker are
so interdependent that we might as
well deal with them together.

I always think that for domestic use
the power handling capacity of a speak-
er is a very much over-rated virtue;
we are concerned with how much
comes out of a speaker, not with how
much we can put into it.

The main difficulty is the absence of
any recognized system of rating, plus
the fact that the method of mounting
affects results. Probably the best as-
sessment is to listen to the speaker on
full orchestra—including cymbals—
and also on organ and rate it at peaks
which are free from roughness, harsh-
ness, and undue boominess. Full or-
chestra is mentioned here deliberately
because, with modern recording tech-
niques, there is far more power in the
upper register than there used to be.
In fact, the hi-fi craze has often pro-
duced too much top, but there are wel-
come signs of a return to sanity. Dis-
tortion at high frequencies is always
much more distressing to the ear than
at low frequencies.

The oscillogram of Fig. 35 shows that
the peak produced by cymbals is almost
equal to the drums. The output from
a pickup was photographed on the
scope. At the left we have full orches-
tra for comparison with drums and
cymbals that follow. It is interesting to
note the steep wavefront produced by
these percussion instruments; any over-
loading of amplifier or speaker at these
peaks would obviously mar results.
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Rating a loudspeaker at a single fre-
quency is quite useless, because too
much depends on the choice of fre-
quency, and the speaker does not have
to work at a single frequency—it al-
ways receives powerful harmonics. But
this is not to say that testing a loud-
speaker at a single frequency is useless.
This is, of course, vital to any assess-
ment of performance. We have already
stated that method of mounting affects
results. If reflex or horn loading im-
proves the waveform at low frequen-
cies for a given output of sound, then
frequency doubling and trebling are
reduced and so is intermodulation; but
the important point is the ouput. No
system can be judged merely by the
amount of input it will take.

This is one reason why the open
baffle is still better at the bass end than
most people imagine, in spite of cut-off
due to limitation of size. The cone is
free to move as it likes and the sound
waves from back and front enter the
room without restriction. The speaker
will handle fewer watts than reflex and
enclosed cabinet types, but it needs
fewer watts for equivalent acoustic
output over most of the audio range.
It is a pity that it is almost impossibie
to measure total speaker output, but it
is very easy to measure and calculate
input. (Mr. Cooke uses a sliderule, but
I can still do it on my fingers.) This is
why the habit of rating speakers on in-
put and ignoring output has been so
generally adopted.

It cannot be too strongly empha-
sized that true efficiency in a moving-
coil speaker depends on flux density
and this is the quality in a magnet that
costs the money. And in this connec-
tion we refer to total flux, which is the
product of gauss and gap dimensions
(diameter, width, and depth.) It is im-
possible to assess the value of a magnet
by a statement of gauss alone, as 13,000
lines per square centimeter with a typi-
cal 1” center pole would give 54,000
total flux, where 13,000 lines with a
13%" center pole would produce 145,000
lines, at an extra cost of about 100%.

Magnet weight gives a rough idea of
value, but as the prices of magnetic al-
loys vary, the weight is not a complete
guide. Actually, it makes no difference
to the user which type of magnet is em-
ployed; whether it is alni, alnico, alco-
max, ticonal, ceramic, or hygienic does
not matter. The only thing that counts
in value is the total flux. All
modern magnets merit the description
permanent.

Efficiency and Watts

It is always difficult to grasp the re-
lationship between the power we put
into a speaker and the amount of sound
which comes out, because a twofold in-
crease in power produces only 3 db in-
crease in sound pressure, which is just
easily perceptible. (To the ear, the in-
crease sounds more like 33% than
100%.) Fig. 38 shows the relationship,
taking 1 watt as a reference.

Acoustically, the increase in level
caused by an increase in power from
30 to 60 watts is the same as from 1 to
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2 watts, but electrically it is quite a
different story. As Fig. 38 shows, it
pays to use a high-efficiency (i.e., high
flux density) loudspeaker and work on
the steep portion of the curve below 15
watts, because the next 3 db are at a
high premium in terms of amplifier
watts, which cost money and involve
bulky equipment.

Measurement of Efficiency

This is even more difficult than rat-
ing power handling capacity. When 1
see it stated that the efficiency of horn-
loaded speakers is 40% compared with
8% for reflex enclosures, and even as
low as 2% for small infiriite baffles, I
can only conclude that the conditions
of test do not even approximate the
conditions of use, so the findings are
of doubtful value to the average
listener.

The question of where a test is made
is of vital importance. For instance, if

{¢] 30
POWER OUTPUT IN WATTS

you work under free-field conditions
and measure the output at the mouth
of a horn you will obtain a maximum
reading, but if an open baffle is used the
reading in front of the cone represents
only half the output which would be
available in a live room. The reverbera-
tion time of the listening room also
affects results—the longer it is, the
greater the build up of sound, but this
would not necessarily affect all speak-
ers to the same extent.

The strongly directional properties
of horn loading are too well known to
need further emphasis, but if efficiency
tests are made on-axis they do not ap-
ply if you listen 30° off-axis. In other
words, directional properties have a lot
to do with the question, and an omni-
directional speaker system rated offi-
cially as 8% efficient might give an
average sound level in a normal listen-
ing room almost equal to horn-loaded
types rated much higher.
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Fig. 39. Audio output response curves of the filter circuit described previously.
Note that as more inductance is switched in the dip moves downward from 6 to 2 kc.

Fig. 40. These response curves show what happens to the attenuation as the resistor
is varied and the coil tap remains on 3rd position. Maximum dip here is 15 db.
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Speaker Mounting

Part 9. Concluding comments on cabinet construction
along with characteristics of various cabinet types.

difficult to write — installment in

this series of articles. In fact, if
we had not already committed our-
selves to deal with cabinets, baffles,
ete., I think we should have put up the
shutters at the end of Part 8 The sub-
ject is so vast, and so much has al-
ready been written about it, that it is
difficult to know where to start; it is
always much easier to write at length
about a small problem than to deal
briefly with a big one. At any cost, we
must avoid a re-hash of what has gone
before, but I think we might usefully
begin by outlining our latest thoughts
on the old, old questions that are so
very important.

(1) The first thing to remember is
that cabinets and horns are a neces-
sary evil, used to avoid cancellation of
sound waves from back and front of a
cone. They don’t improve the quality
of sound and we should be much bet-
ter off if we could do without them.

(2) Although it is possible to im-
prove the performance of small en-
closures by acoustic devices, it is
almost impossible to make a small
cabinet sound like a big one.

(3) With reflex enclosures, dodges
like fitting pipes and diaphragms to
vents make a difference to resonances,
which are pushed around but not
usually eliminated.

(4) Padding enclosures and hanging
drapes in them gets rid of standing
wave effects and often smooths the
response, but the speaker unit is still
working in a cabinet which colors re-
sults.

(5) Folded horns are a useful de-
vice for obtaining large-scale results
in a limited space, but a folded horn is
not truly exponential and never equals
a straight one.

(6) Flat baffles are better than is
generally believed. They are free from
cabinet resonance. Two speakers in
parallel on one baffle give a 3 db gain
at low frequencies and double the
power handling capacity so that bass
lift can be used in the amplifier, re-
sulting in four times the low-frequency
output of a single unit. The floor also
improves bass by reflection, and walls
can be harnessed in the same good
cause. Baflles are efficient because the
sound from both sides of cone is used,
and I am now inclined to the belief
that equal air loading front and back
is a good thing.

(7) Directional effects are serious.
It is only necessary to look at an or-
chestra to realize how omni-directional
most instruments are; hence the virtue
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WE NOW come to the last—and most

of omni-directional reproducers, espe-
cially in upper registers.

(8) Convenience in use is becoming
more and more a necessity as the in-
terest in hi-fi reaches the music lover
as distinet from the sound enthusiast.
Some compromise is always necessary
and perfection is as far off as ever,
so the foregoing drastic observations
should not be taken too seriously.

Details are now given for the con-
struction of reflex cabinets of two
sizes. The fact that we deal with
vented enclosures and not with corner
horns does not mean that we have any
prejudice against the latter; it simply
means that we have done more work
on reflex designs and therefore have
more first-hand information available.
Many people prefer horn loading; I
could be happy with either if soundly
conceived and constructed.

The cabinets described are fitted
with an acoustic filter designed by my
colleague, Mr. R. E. Cooke, and cal-
culated to give bass without boom. The
device is the subject of patent applica-
tions in this country and America and
should therefore only be used privately
in cabinets constructed at home. Al-
though designed around Wharfedale
10” and 12” foam surround units, the
cabinets can be used with other speak-
ers provided the open baffle resonance
does not exceed 45 cps.

The vent is tuned to resonate at
about 40 cycles—low enough to avoid
coloration and high enough to give
body to the reproduction. The vent
output will blow out a lighted match
at the resonant frequency with 2 to 3
watts input to the speaker.

The acoustic filter is made of ply-
wood and should form an airtight fit
to the front, sides, and back so that the
only air path from the upper compart-
ment to the lower one is through the
slits which permit the required trans-
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Fig. 42. Adding a 10-15 ohm tweeter to
augment response above 3.5 kc. If the
impedance of the main loudspeaker is 2-3
ohms, the tweeter should also be 2-3 ohms.
The filter capacitor and volume control
should then be 12 ufd. and 20 ohms respec-
tively. For 8-ohm units, the capacitor
that is employed should be about 6 wuid.

Fig. 43. Shown in this illustration is
a back view of the simple flat batile
arrangement that is discussed in the ac-
companying text. The front sheet of ply-
wood should be at least ome-half inch
thick. The two portions marked A and B
are backed with three-eighths plywood
which is spaced one-half inch for sand
filling. This is shown in the detailed
view. The side supports, marked C. may
be constructed of one-half inch plywood.
The dimensions shown are not critical
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6 mhy, WITH (0-151 UNITS
4 mhy. WITH 5-101 UNITS
+ 2 mhy. WITH 2-50 UNITS
8" OR 10"
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Fig. 44. Shown here is a useful cir
cuit that may be employed to obtain
good results with two loudspeakers
mounted on an open batffle. The two
speakers are connected together in-

phase to avoid “hole” in the response.
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Fig. 45. Reflex cabinet
with Wharfedale
acoustic filter that is
suitable for 12-inch
loudspeakers with
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(INSIDE) ACOUSTIC FILTER IS 112"
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cone resonances not
higher than 45 cps.  |W ...~
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mission of low frequencies only. This
also explains why the lower compart-
ment is not lined with absorbent mate-
rial.

The design and dimensions for the
12" model are given in Fig. 45 and are
self-explanatory.

The data for the 10” model is as fol-
lows :—

Cabinet in 34" plywood
Volume—2 cubic feet
Height—28" outside
Width—14” outside
Depth—12"” outside
Vent—2" diameter circle

Acoustic filter in 34” plywood with four slits
1/16” wide and 814" long over-all. Position 17"
from top, outside. Vent resonance 45 cps.

Taking into account size, cost, and
ease of construction, the reflex en-
closure still pays better dividends in
the bass than any other system.

The smaller unit can with advantage
be used in the larger cabinet, but the
process should not be reversed.

Adding a Tweeter

If it is desired to improve the high-
frequency response, the simplest meth-
od is to mount a tweeter on a small
baffle—preferably facing upwards—and
stand it on top of the main cabinet,
using the circuit of Fig. 42.

Baffles

Having paid baffles a few compli-
ments, the least we can do is to give
the reader a few hints on how to get
the best out of such a system.

Two speakers in parallel are the
obvious choice for 3 db gain at low
frequencies. Sheet aluminum %” thick,
backed with fiber board or coated with
a damping medium, makes a splendid
baffle and gives a nice crisp tone to the
reproduction. If plywood is used it
should be sandfilled as shown in Fig.
43. The dimensions combine reasonable
performance with convenient size.

For the bass end, a 10”, 12", or 15”
speaker could be used, but the res-
onance should be not higher than 40
cycles. It must be made clear that it
is the availability of low resonance
units which makes possible this new
approach to the long-discarded open
baffie.

In order to reduce middle and treble
but maintain maximum bass, an in-
ductance can be placed in series with
this unit, as shown in Fig. 44. The
tapped coil (used alone) described in
Part 8 would make an ideal variable
control here.

The second speaker could be an 8"
or 10” unit, with resonance preferably
below 50 cycles, but even above 50 cps
is acceptable because parallel working
makes the higher resonance virtually
harmless. Here we have shown a slot
in place of the usual circular opening,
to reduce beaming and improve high-
frequency dispersal. Useful dimen-
sions are: 8” unit, slot 3" x7”; and 10”
unit, slot 3"x8”. The two speakers
must be correctly phased. If they are
out-of-phase, you will have a 20 db
loss at low frequency instead of a 3 db
gain. Adding a tweeter with the circuit
of Fig. 42 is simple and phasing at high
frequencies is of no consequence in
this case.
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Even a single speaker can be used
on a baffle with good results, but low
cone resonance is essential. So much
for baffles. At least they are free from
boom.

Reflex vs Horn Loading

It is not our intention to hold a
Beauty Contest and pick the winner
here, nor do we propose to outline vital
statistics; it is better to leave the
choice to personal preference. But I
do think that the response curves of
Figs. 46 and 47 throw some light on
the question of relative efficiency which
was raised in the previous article.

Both curves were taken out of doors
with the same 15” foam-surround unit,
and with the cabinets pldaced in a cor-
ner formed by the walls of a building.
The microphone distance was 4 feet
on-axis in both tests.

The conclusions ‘to be drawn from
these tests are as follows:—

(1) The output below 100 cps is
about the same in both cases.

(2) The main output from the horn
is located between 100 and 400 cycles
but, when comparing it with the reflex
model, it should be remembered that
this has considerable vent output with
a peak around 200 cps as shown in
Part 5.

(3) As usual, the working range of
the horn is limited to 3 to 4 octaves,
but the reflex design will easily extend
to T octaves. Above 500 cycles, reflec-
tions play havoc with the output of
the folded horn, but such effects are
normally sidetracked by crossover net-
works.

So we are left with the 64,000 dollar
question of how best to assess the effi-
ciency of either system. If you take

300 cps, I will take the reflex output
between 300 and 1000 cps and con-
found you, or I will take the next two
octaves and knock you clean out of the
ring. On the other hand, we can all
take the region of 40 to 100 cycles and
practically call it a draw.

The fact is that it is quite as logical
to say that reflex loading is twice as
efficient as horn loading because it cov-
ers twice as many octaves as to say
that horn loading is much more effi-
cient than other forms because it
squirts out more concentrated sound.
It is rather like taking a shower bath;
the available jet of water must be
nicely spread out for comfort.

It should be explained that these
tests were made with a front-loading

horn, the output from the back of the
cone being purposely absorbed. Re-
sults would have been quite different
with a back-loading horn, where the
output from the front of the cone
plays straight into the room. The axial
response curve above 1000 cycles, for
what it is worth, would then be similar
to Fig. 46 but it would not be horn
loading.

For ordinary listening, I would say
that, by and large, horn loading gives
more output than reflex cabinets, off-
set to some extent by directional effects
when tests are extended to higher fre-
quencies and shorter horns, where open
baffles would be used in preference to
reflex enclosures. The over-all differ-
ence is nothing like the off-quoted
40% efficiency for horns with less than
10% for other systems.

Using the models of Figs. 46 and 47
as the bass end of a 3-speaker system,
I liked the reproduction from either
and found it difficult to express a defi-

the horn performance between 100 and nite preference. B0
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Fig. 46. Response curve of 15-inch loudspeaker unit in 9 cu. ft. corner reflex
enclosure which has been constructed with sand-illed panels. The input level was
2 watts and the microphone distonce was 4 ft. on axis, and 3 ft. above ground.
Fig. 47. Response of 15-inch speaker in folded corner horn having volume of about
13 cu. ft. Input was 2 watts. Mike distance 4 ft. on axis, 1’ 8” above ground.
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LOOK TO FISHER FOR LEADERSHIP! For more than two decades,
FISHER engineering skill has regularly produced basic devel-
opments that have set the pace in high fidelity.

Now, FISHER again takes the lead in the development of
sTEREOPHONIC sound. The most advanced features—features you
had not expected for years to come, are yours to enjoy TODAY
in every instrument bearing the name —FISHER.

THE FISHER '400’'— Stereophonic Master Audio Control with virtu-
ally unlimited stereo and monaural uses. Equalization for records
and tapes; Push-Button Function Selector; Cross-Over Network;
Rumble Filter; Record-Monitor facilities. 16 inputs, 4 outputs.

THE FISHER 101-R—Stereophonic Gold Cascode FM-AM tuner. Sepa-
rate FM and AM tuners on one chassis with separate MicroRay
Tuning Indicators. For FM-AM stereo, FM-multiplex, FM and AM
monaural. Automatic interstation muting. AM Bandwidth Selector.

THE FISHER 30-C — Master Audio Control for a second, stereo chan-
nel—or for a monaural system. 6 inputs. Record and Monitor
facilities. Phono and tape equalization. Microphone Preamplifier.
Rumble Filter, Loudness Contour, Bass and Treble tone controls.

THE FISHER X-101 —Stereophonic Master Control and Amplifiers.
32 watts of power, 75-watt peaks. 8-Position Function Selector
Equalization, Channel Balance, and Record-Monitor facilities. Loud-
ness Contour, Rumble Filter. Full-range, Bass and Treble controls.

THE FISHER PR-66—Stereophonic, dual-channel phono preamplifier
for stereo and monaural applications. Equalized for the new stereo
records. Use as a tape or microphone preamplifier, stereo or mon-
aural. Hum, noise and crosstalk are inaudible.

WRITE TODAY FOR COMPLETE SPECIFICATIONS
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High Power vs Low Power

By

by that term you imply the manu-

facturer or the user of the equip-
ment, there are two very definite
schools of thought, as soon as the
question of power output from an am-
plifier is raised. One says the trend
toward big, powerful amplifiers (30,
50, or 100 watts) is quite unnecessary,
all you need for the average living
room is, at the most, 2 watts, with
maybe some “headroom,” so perhaps
you should get an amplifier with a 10
to 15 watt rating.

The other school says you don't have
sufficient headroom to handle tran-
sients and special effects in the mu-
sical program unless you do go to high
power amplifiers, rated at 30, 50, or
100 watts (the higher the better).
There are very definitely two points of
view here, but each protagonist pre-
sents his own viewpoint as if it were
the only one.

One writer will tell the reader he
really doesn’t need an amplifier with
30 watts output, let alone more than
that, while another writer comes along
and tells the reader that any amplifier
with less than a 30-watt output is to-
tally inadequate. This leaves the un-
fortunate layman (Mr. Average Amer-
ican) in a state of confusion.

A simple way to tackle this problem
seems to be-to deal with the most basic
questions from which it derives, so
each reader can judge for himself.

Question 1: Why do some recom-
mend high power, say 50 to 100 watts,
when an amplifier with 10 to 15 watts
sounds quite good?

Let's simplify the issue a little by
just taking the two extreme wattages.

AMONG high-fidelity people, whether
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An excellent article that should go a long way in
settling the power argument for some time to come.

The contrast for ratings in between
this will be that much less. Take an
amplifier of 10 watts as compared with
an amplifier of 100 watts. To the new-
comer, this gives the impression that
the 100-watt amplifier should sound 10
times as loud as the 10-watt amplifier.
Unfortunately this is not true, due to
a law, considered elementary by phys-
iologists, called Fechner's Law.

This says that the scnsation of loud-
ness, like any other human sensation,
is dependent upon the logarithm of the
intensity of stimulus. Simply stated,
the change in sensation of loudness is
proportional to intensity ratio, not in-
tensity difference, or the ratio between
one power and another. As the human
loudness sensation,at 1000 cycles at any
rate, extends over a power ratio of
1,000,000,000,000 to 1, this means a ra-
tio of 10 to 1 is just 1/12th the loud-
ness ‘“difference” between being just
audible and the maximum intensity
audible as sound. (Fig. 1.)

Expressed this way, even a 10 to 1
ratio, from 10 watts up to 100 watts,
represents not a very big change in
loudness. A change from 25 to 50
watts becomes only just perceptible—
it is 3 db, and a change from 10 watts
to 100 watts is only very little more
than 3 times as much “difference” in
loudness sensation—10 db, although
one is a step-up of 2 to 1 in power,
while the other is 10 to 1. This should
help to set the stage for what follows
and explains why the loudness sensa-

tions created by amplifiers at different
power ratings are not as different as
might be expected just by considering
the power rating. A 50-watt amplifier
gives 5 times as much power as a 10-
watt amplifier, but this is only 7 db.

Larger power can be a disadvantage,
unless the amplifier has a lower hum
level. If the hum level is the same in
each case, the hum from a 100-watt
amplifier will be 10 db higher than
that from a 10-watt amplifier. And
loudness sensation at 60 or 120 cycles,
the hum frequencies, is about three
times as sensitive, so 10 db here is
equivalent to 30 db at 1000 cycles. It
can be the difference between an in-
audible hum and one that is quite an-
noying during quiet passages.

Question 2: How is it that some 15-
watt amplifiers sound louder and
cleaner than some 50-watt amplifiers?

The hum question, just mentioned,
can be a factor. There are others, but
without getting involved in amplifier
design and performance characteris-
tics in detail, this depends on what is
termed the “overload characteristic”
of the amplifier.

Many amplifiers, rated to give 50-
watt output, certainly do give 50 watts
output. But try to make them give 51
watts and you might as well strive for
the moon! It is not just that they re-
fuse to give more than the 50 watts,
but when the input is increased be-
yond that required to give 50 watts,
the waveform becomes completely dis-
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range of human hearing gives a perspec-
five to the question of the amount of power.

torted. It is suddenly extremely evi-
dent to the listener that the amplifier
has reached ‘“‘the top.”

On the other hand, many 15-watt
amplifiers use quite a different kind of
circuit. They may not give too much
more than 15 watts before running
into distortion troubles. They may be-
come considerably distorted if you try
to push 20 watts out of them. But the
difference is that you can push in per-
haps twice as much input and get a
reasonably distorted output of 20 watts.
(Fig. 2.)

If you push twice the voltage into a
15-watt amplifier, this would give 60
watts if the amplifier continued ampli-
fying more without distortion.

Instead, you get 20 watts of toler-
ably distorted output. But, because
you turned the voltage up this much,
all of the lower level parts of the pro-
gram sound like a 60-watt amplifier,
and the peaks which should have 60
watts available to amplify them with-
out distortion come out at about 20
watts without too serious distortion.

On the other hand, putting the same
input into the 50-watt amplifier goes
over the 50-watt level and produces
extreme distortion, so you have to turn
the input down to make quite sure the
peaks never go beyond the 50-watt
point. Program material that uses an
average power of 5-15 watts with
peaks running to 60 watts, will have
occasional peaks running to 120 watts
or more. The so-called 50-watt ampli-
fier may need to be turned down to an
average of only 2-6 watts to compare
favorably with the 15 watter.

Question 3: Does the kind of loud-
speaker you use have anything to do
with the power needed from the am-
plifier?

It certainly does, and this is a point
often overlooked in discussing the sub-
Ject. A high-efficiency loudspeaker, of
a type used in home high-fidelity sys-
tems, will have an efficiency of not
more than 20%. This efficiency would

mean an output of 50 watts will give
not more than 10 watts actual acous-
tic power. More often the efficiency
will be not more than 10%.

But even with this much efficiency,
about 2 watts of clectrical output will
give you all you need in the living
room for the sound to become almost
deafening at loud passages. It is quite
true as claimed by the “low-power”
people, that the actual sound energy
you need in the living room is only a
matter of hundreds of milliwatts at
the peak.

But some loudspeakers, instead of
running in the region of 109 efficien-
cy, which is still relatively high for a
loudspeaker, only achieve 1 or 2% effi-
ciency. Take a 2% efficient speaker in
comparison with a 10% efficient speak-
er. Obviously, a 10-watt amplifier with
a 109% efficient speaker will produce
the same acoustic output into the
room as will a 50-watt amplifier with
a 2% efficient speaker. Both will give
a maximum of just 1 watt into the
room.

Question 4: Is the use of electronic
dividing networks of any advantage in
making do with less power?

The whole problem in power rating
on amplifiers is one of providing for
peaks. The average power is quite a
small fraction, probably not more than
1/10th, of the peak power necessary to
handle the composite audio waveform
adequately.

Consider an idealized case, in which
the audio composite consists of a single
sine-wave frequency in each of the
frequency ranges handled by a three-
way loudspeaker system. (Fig. 3.) The
highest frequency can be considered as
riding on the medium frequency, and
then this composite can be considered
as riding on the lowest frequency. As-
sume, for simplicity, that each of these
waveforms has a peak amplitude of 10
volts across an impedance of 10 ohms,
representing a peak power of 10 watts
or an average power of 5 watts.

Table 1. Maximum watts needed. Powers are those normally used as "average” ratings.

ROOM CLASSIFICATION A

HIOGBAM CLASSIFICATION | 1

=
—
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N

High-Efficiency Speaker

(15%) .25
Medium-Efficiency Sneaker

(5%) .78
Low-Efficiency Speaker '

(1.5%) 2.5
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Then the total peak voltage will be
3 times 10, or 30 volts, representing a
peak power of 90 watts, or an average
power of 45 watts. This is what the
amplifier rating would have to be to
handle the composite signal. And yet
the actual total power is only the sum
of the three average powers, 5+ 5+ 5
=15 watts. So, for this idealized ex-
ample, we need an amplifier with a
rating of 45 watts, which means it will
handle 90 watts peak. to satisfactorily
accommodate the three 5-watt sine
waves one on top of the other.

If we separate these three sine waves
with an electronic dividing network,
before we get to the power stage, so
they are handled by separate power
amplifiers, each amplifier will only
need to handle its own 5 watts indi-
vidually. This is the kind of argument
put forward to show the advantage of
an electronic dividing network. Of
course, it will also reduce the possibil-
ity of intermodulation in the ampli-
fiers and provides other advantageous
features, but here we are discussing
its possible advantage in making do
with less total power.

What the argument just presented
does not say is, how you would like a
program consisting of just one sine
wave in each of the frequency bands
handled by your three-way system? It
certainly would not sound much like
music.

Typical musical programs will nor-
mally consist of: a single frequency,
maybe with some harmonics, in the
woofer range; a composite of several
tones in the mid-frequency range, rep-
resenting chords or the harmony of
the music; while the tweeter or high-
frequency range will only be carrying
a comparatively small amount of pow-
er—just a few milliwatts—to give
“definition” to the low- and mid-range
material.

The biggest amount of power is
probably required in the low and mid-
dle ranges. So from the standpoint of
power division we can consider the
problem as being essentially a two-
way system. Sometimes there may be
no low-frequency component but then
the bulk of the power will be presented
in the mid-range. This often occurs in
musical programs. On the other hand,
when there is a predominant low-fre-
quency component, such as when a
pleasant string bass 'foundation” pre-
dominates, the other instruments are
usually considerably quieter or at least
do not require maximum power.

If you use your system exclusively
for reproducing a string quartet, you
probably could save on the total power
required by using an electronic divid-
ing network system. But if you play a
more varied kind of composite mate-
rial, then this advantage for using it
seems to disappear, because on some
occasions you will need to present the
total power of the system through the
mid-range channel. You will probably
finish up needing an amplifier, for both
the low- and mid-range channels, as
big as a single amplifier would be to
handle the full range.

The high-frequency channel, it is



true, can use considerably less power,
but there is little possibility of achiev-
ing any worthwhile power economy by
using electronic dividing networks here.

This does not argue, of course,
against their use for reducing possible
intermodulation distortion and provid-
ing other features that do not come
within the scope of this article.

Question 5: Must the amplifier and
loudspeaker power ratings be matched?
For example, must I use a 30-watt am-
plifier with a 30-watt loudspeaker?

This question, with variations, often
crops up. It is surprising how often
someone wants to know why the 30-
watt loudspeaker doesn’t sound louder
than the 10-watt loudspeaker, when
both are operated from a 5-watt am-
plifier, although the latter piece of in-
formation is not usually volunteered,
because it “seemed irrelevant.” The
wattage rating of a loudspeaker is not
an indication of how loud it will sound,
but of how much power can be put
snto it.

It does not mean the loudspeaker
with the bigger rating will sound any
louder if only 2 or 5 watts are actually
delivered to it by the amplifier. This
is dependent, not upon the power rat-
ing of the loudspeaker, but on its effi-
ciency. If one loudspeaker has an effi-
ciency of 2% and another of 10%, then
the 10% loudspeaker will sound louder
than the 2% one, with the same power
delivered to it.

To answer the question directly, the
only possible reason why amplifier and
loudspeaker power ratings should be
matched is to insure the loudspeaker
is not damaged by being overworked.
For example, a 50-watt amplifier fed
into a 10-watt loudspeaker could burn
out the voice coil or cause other dam-
age to the loudspeaker. On the other
hand, a 10-watt amplifier, worked into
a 30-watt loudspeaker, will never
cause any damage, because the loud-
speaker can never get enough power
to fully drive it. .

Question 6: Is there any connection
between the efficiency and power rat-
ing of a loudspeaker?

Only that you need to take both
these properties into account to deter-
mine how loud the loudspeaker can go.
For example, a 30-watt loudspeaker
with 5% efficiency will accept 30 elec-
trical watts from the amplifier before
causing any serious damage to itself.
The fact that it is 5% efficient means
that 1/20th of the 30 watts or what-
ever power it actually gets from the
amplifier is delivered to the room as
acoustic energy (a maximum of about
1.5 watts). This should be more than
loud enough for any living room, but
to get the 1.5 watts you will need a
30-watt amplifier.

On the other hand, a 20-watt loud-
speaker may have an efficiency of 15%.
This means the loudspeaker will accept
20 electrical watts and, being 15% effi-
cient, will convert these into 3 acous-
tic watts. Although the power rating
of the loudspeaker is lower than the
other one it will give a bigger acoustic
output into the room from a smaller
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Fig. 2. The power output characteristics of a 15-watt amplifier (A) and a S50-
watt amplifier (B) 1o show reason for diiference sometimes noticed. The wave-
forms inset show output quality up to maximum output and beyond it, in each case.

amplifier (needing only a 20-watt am-
plifier in place of the previous 30-watt
unit).

This says that, in considering the
power needed for a system, you need
to take into account not only the pow-
er rating, but also the efficiency of a
loudspeaker. Beyond this there is no
connection between the two. If a loud-
speaker has a higher power rating it
is not an indication, automatically,
that it is either less or more efficient.

Question 7: Can you give me some
idea how much power I shall need for
my system?

As the foregoing questions have
shown, this depends on a number of
factors. To try and be specific, we will
give a comparative table that shows a
range of maximum power required for
various typical conditions. Note that
Table 1 gives figures ranging from a
quarter of a watt to 250 watts, which
covers the entire range recommended
by both the high-power and the low-
power advocates.

Three typical room classifications
are listed: A is a typical room with
tiled floor, smooth walls, and furnish-
ings without much, if any, upholstery
—a modern American recreation room
—with quiet background, not too near
a railroad track; B is an average room,

‘'with carpet on the floor (not neces-

sarily wall-to-wall), well-draped or
open windows, possibly some drapes at
entrance to another room, and some
upholstered furniture; C is a well
damped room of considerable size, with
wall-to-wall carpeting, plenty of heavy
drapes, on walls as well as at windows,
and a quantity of well upholstered
furniture—a real ‘“plush” suite. Am-
bient noise from the neighborhood will
make some difference here, as well as
the size of the room and the number
of listeners.

Program classification takes into ac-
count two extremes, which might be
described as “highbrow” and “low-

brow”! Under these columns the fig-
ures are based on the relative peak
power rating needed to give a similar
impression of peak loudness with the
two types. Column 1 is for jazz mu-
sie, or any variety where the general
level remains fairly constant, or com-
pression is used in recording. Column
2 is for a recording possessing wide
dynamic range, high quality orchestral
material.

Three rows of figures are given for
different average efficiencies of loud-
speaker. The percentages given are
average, as no loudspeaker has con-
stant efficiency at all frequencies. As
few loudspeakers come with an effi-
ciency rating, this does not help too
much, except to give some idea of
range, and we hope, some idea where
to expect yours to come. B0

Fig. 3. The waveforms shown here illus-
trate the argument that the use of an elec-
tronic dividing network saves on the total
power rating required. Validity of this argu-
ment is discussed in accompanying text.
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Measuring Amplifier
Damping Factor

Described here are two methods that may be used

to measure the damping factor of an audio amplifier.

HE KNOWLEDGE of what your am-

plifier’s damping factor is has become
more important recently. With high-
efficiency speakers it was usually felt
that the higher an amplifier's damper
factor the better this would be for the
speaker in damping out undesired res-
onances. However, with the advent of
high-quality, low-efficiency speakers,
and especially with such speakers
mounted in infinite baffles or other
such enclosures that do not add to the
bass response, the use of an amplifier
with too high a damping factor is un-
desirable. This would result in over-
damping the speaker and reducing its
output, especially at the bass end. Per-
haps the day is not too far away when
speaker manufacturers will specify op-
timum damping factors for their
speakers when used in specific en-
closures. Several values might be given
for different types of listening tastes.
The amplifier manufacturers have al-
ready started the ball rolling by pro-
viding, in some cases, a variable damp-
ing control that allows the user to set
the damping factor at whatever value
he requires.

At present most speaker manufac-
turers are quite reluctant to quote any
optimum damping factors for ampli-
fiers to be used with their loudspeak-
ers. This is partly due to the fact that
not enough experiments have been
done along these lines and also that
the results obtained at various damp-
ing factors is so subjective. Some
listeners might like the way their
speakers sound with one certain damp-
ing factor, others might prefer an-
other value.

Typical values of amplifier damping
factor depend, in the main, on the out-
put circuit used. For example, with
push-pull triodes without feedback the
damping factors are in the range of 2
to 4. With push-pull beam power
tubes the damping factor is apt to be
less than this unless negative feedback

is used. With large amounts of negative
feedback, tetrode damping factors may
run as high as 10. Recent designs using
triodes with feedback or ‘“Ultra-Lin-
ear” stages with feedback may have
damping factors from 10 to 30.

The measurement of an amplifier’s
damping factor is quite simple. This
article will describe two methods of
measurement.

Variable Resistance Method

To use this method a signal voltage
is introduced into the input of the am-
plifier to be checked. This signal may
come from an audio generator or even
from the a.c. heater supply of the am-
plifier itself. Next the load is removed
from the output terminals and the out-
put voltage is measured with a suitable
audio voltmeter. The input signal
should be kept well below the overload
point of the amplifier and below that
point that might cause arc-over in the
unloaded output transformer. Then a
low value variable resistor (the author
uses a 15-ohm wire-wound unit) is
connected across the output terminals
and this is adjusted until the voltmeter
reading falls to one-half the unloaded
value. Under these conditions the volt-
age across the variable resistor is equal
to the voltage across the actual output
impedance of the amplifier. See (A) of
diagram. Now the variable resistor is
removed and its resistance is carefully
measured. This value of resistance is
equal to the output impedance (tech-
nically, the effective source imped-
ance) of the amplifier. If this resist-
ance value is simply divided into the
nominal output impedance of the am-
plifier (the value frequently marked
on the amplifier itself), the result is
the damping factor. For example, in
the diagram shown assume that the
value of the variable resistor is 1 ohm
and that the measurement is being

made on the 8-ohm tap of the ampli-
fier, the damping factor is 8/1, or 8.

Equivalent circuits for two methods described above for measuring damping factor.
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If it is found that the output voltage
of the amplifier should rise when the
load is applied, then this indicates that
the amplifier has a negative damping
factor. The resistance value that
causes the loaded output voltage to be
doubled is equal to the negative im-
pedance of the amplifier.

Several problems may be encoun-
tered in using this method. One is that
with amplifiers having very high damp-
ing factors, it might be difficult to ad-
just and to measure the very small
values of resistance required to make
the voltage drop to one-half. Another
problem occurs when very low resist-
ances are shunted across the output
terminals of an amplifier; the primary
impedance of the output transformer
falls and the plate current through the
output tubes may be excessive. In one
case where this method was used, the
plates of the output tubes became dan-
gerously red. Another method that
will yield the same answer but with
none of the drawbacks is described
below.

Yoltage Regulation Method

To use this method a signal is ap-
plied to the amplifier and an output
voltage measurement is taken with no
load connected. Let us call this no-
load voltage Ex.. Next, a resistor with
a value equal to the nominal output
impedance is connected to the output
terminals of the amplifier. The ampli-
fier is now properly matched. Then, a
second voltage reading is taken under
these fully loaded conditions. Call this
full-load voltage Er.. The damping fac-
tor of the amplifier is simply equal to
the full-load voltage divided by the
difference between the no-load and the
full-load voltage, or Es./(Es. — ErL).
This may be recognized as the inverse
of the regulation formula. As a mat-
ter of fact the damping factor of an
amplifier is a measure of its regulation.
If, for example, the output voltage
falls only a very small amount when
the circuit is loaded, its regulation is
good (low) and its damping factor is
high.

To show that this method gives the
same results as the variable resistance
method, consider (B) of the diagram.
Assume that the same amplifier with
its 8-ohm output tap and its 1-ohm
output impedance mentioned before is
used. Assume further that the no-load
voltage measures 4.5 volts. There is no
drop across the 1-ohm output imped-
ance with no current flow. With the
8-ohm load connected, the full-load
voltage will fall to 8/9 the no-load
voltage, or 4 volts, in the simple series
circuit. The damping factor then is
4/(4.5 — 4), or 8. This is the same value
that was obtained with the first meth-
od described above.

Obtaining the damping factor, using
either of the methods described, may
help you to evaluate the performance
of your loudspeaker system and it will
certainly give you one more important
characteristic of your amplifier. —§j—
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THE NEW STROMBERG-CARLSON COMPONENTS

Integrity in Music, as applied to high fidelity components, means reproduction which
adds nothing to, or takes nothing from, the original performance.

Stromberg-Carlson's choice of this slogan is no accident. Just as your purchase of
a component system is not a casual investment, our attitude toward the manufacture
of components is very serious indeed. Each piece of gear must reflect the highest
possible achievement of engineering, production, and musical skill. The guiding
minds, hands and ears of the Stromberg-Carlson component group are those of
professional electronic and acoustic engineers with extensive musical training.

The musical sound of our new components was the final critical test before they
were made available to you.

We proudly submit our specifications to your critical judgment. These specifica-
tions are accurate and conservative. We have declared ourselves out of the *'battle
of exaggerated specifications.” Please study our specifications to see how the
phrase “Integrity in Music'' takes on true life and meaning.

““There is nothing finer than a Stromberg-Carlson”
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S"’ROMIERC-CARLSON

SELECTED FOR DISPLAY AT THE VIENNA INTERNATIONAL FALL FAIR

ASR-433 STEREO AMPLIFIER

The most imporfant aspect of stereo is. stage effect.
The instruments of the orchestra should come back
to you from their exact positions on the stage. How?

The answer is balance. The ASR-433 is the stereo
amplifier with '‘Tone-signal Balance,”” the surest
method of achieving this realistic stage effect.

The ASR-433 is a superb monaural amplifier as
well, giving you a full 24-watt output. The electronic
crossover at 3,000 cycles provides output for 12 watts
low and 12 watts high frequency operation. Every
function has its own control for each channel and a
master volume control is provided.

*All prices are Zone I.

SPECIFICATIONS:

POWER OUTPUT: 24 watts (2-12 watt channels).
FREQUENCY RESPONSE: 20-20,000 cycles == 1 db.
HARMONIC DISTORTION: Less than 1%. NOISE LEV.
EL: 63 db down. INPUTS: Magnetic Phono, Ceramic
Phono, Tape Head, Tuner and Aux. Tape. QUTPUTS:
4, 8, 16 ohms and dual Tape Out. LOUDNESS CON.
TROL: In-out, continuvously variable, TONE CON-
TROLS: Bass 15 db droop, 15 db boost; Treble 14
db droop, 12 db boost. EQUALIZATION: RIAA Mag.
Phono. NARTB Tape Head. TUBES: 2-12AX7[7025,
2-6AV6, 2-6U8, 4-EL84. CHANNEL SELECTOR: Chan-
nel '‘A,"' Channel ''B,'' Stereo, Monaurol, Crossover
{at 3000 cycles). DIMENSIONS: 131," W, 133" D,
454" H. PRICE: $129.95* (Audiophile Net).

STROMBERG-CARLSON -C

A DIVISION OF GENERAL DYNAMICS CORPORATION
1476C N. GOODMAN STREET ¢ ROCHESTER 3, N. Y.

Electronic and communication products for home, industry and defense... including
High Fidelty Consoles; School, Sound, Intercom and Public Address Systems
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RW-489
12” Soft Skiver Woofer.
$49.95* {Audiophile Net).

RW-490
15” Soft Skiver Woofer.
$99.95% (Audiophile Net),

(o
-’

2% Tweeter,
$9.95* {Audiophile Net).

S

‘\_:“‘*,

RT-477
Induction Tweeter.
$49.95% (Audiophile Net).

NEW
SLIMLINE*
SPEAKERS

RF-475
15" Coaxial

Transducer. $229.95 (AUDIOPHILE NET)

1959 EDITION

M55-492
SPEAKER SYSTEM:

12" Soft Skiver Woofer, 8” mid-
range, two 22" Tweeters. Avoil-
able in cherry or walnut. 32V,"
high, 333" wide, 16%" deep.

PRICE: $249.95* {Audiophile Net).

MS55-491
i SPEAKER SYSTEM: [

15" Soft Skiver Woofer, 8" mid-ronge,
Induction Tweeter. Available in ma-
hogany, walnut or limed oak. 321"
high, 38%s” wide, 21" deep. PRICE:
Mahogany—$379.95*; Walnut— nut, oak—$74.95* (Audiophile

o

1O

\

{
MSS-461 |

SPEAKER SYSTEM:

8” mid-ronge, 2',"” tweeter, Avail-
able in mahogany, oak or walnut.
244" high, 19” wide, 10" deep.
PRICE: Mahogony—$69.95%; Wal-

$389.95°%; limed oak—$389.95* Net}.

{Audiophile Net).

NEW SPEAKER SYSTEMS

Some speakers and speaker systems provide
clean, sharp transients at low and low-low fre-
quencies. Others are very linear in response at
low and low-low frequencies. Only the new
Stromberg-Carlson multiple speaker systems give
you both.

Low end frequency response extends for at
least an octave below that heretofore possible.
The range of our MSS5-491 system is 16-22,000
cps; the range of our MSS-492 system is 22-
18,000 cps.

Speaker system resonance is lower than the
unbaffled free air cone resonance of the woofers
themselves. The exceptional transient response,
linear quality and extraordinary low frequency
response are directly related to a carefully in-
tegrated design between our woofers and our
quarter wavelength Acoustical Labyrinth® baffling
system. Three-way crossover networks are in-
cluded in the systems.

*All prices ore Zone |.

RF-484
15" COAXIAL TRANSDUCER.

PARTIAL SPECIFICATIONS:

Cone Resanance 20 ops 5 ¢ps. Power Handling Capacity
Woofve  more than 100 watts; Twecter —more than 50 watts
trequency Response flat to 20,000 cps. IM Distortian 0 3%,
$149.95 (AUDIOPHILE NET)

7Y
‘ -.
y : %
RF-483 g

15" Coaxial
Transducer. $99.95 (AUDIOPHILE NET)

STROMBERG-CARLSON ACOUSTICAL
LABYRINTH® BAFFLING SYSTEM

FOR FULL DATA ON ANY AND
ALL ITEMS, SEE YOUR DEALER
OR WRITE US DIRECT.

RF-481

Slimline

12” Wide Range

Transducer, $39.95 (AUDIOPHILE NET)

RF-482

Slimline

12" Coaxial

Transducer. $59.95 (AUDIOPHILE NET)

RF-480
Slimline 8" Transducer.
$24.95% (AUDIOPHILE NET)




By NORMAN

Reasons for performance differences in audio power

amplifiers having similar

loudspeaker is the weakest link in

the reproducing system and that
amplifiers have progressed about as
far toward perfection as it is possible
to go has been widely expressed. As a
basis for this conclusion, it is stated
that the residual degree of various
kinds of distortion present in modern
amplifiers is so small as to be impos-
sible to hear. However, many are not
yet satisfied that this philosophy is
true.

To illustrate this view, the following
experience is by no means impossible
or uncommon: two different ampli-
fiers are compared, using the same
pickup or tuner as a program source
and the same loudspeaker. Both am-
plifiers, although of different design,
use the same input and output im-
pedances, provide the same damping
factor for the loudspeaker, and give
frequency responses and degrees of
distortion which deviate by an
acknowledged imperceptible amount-—
yet any discriminating listener can
discern quite an appreciable difference
between the sound of program played
through the two amplifiers.

Why should these amplifiers sound
different? A recent article on “Meth-
ods of Measuring and Specifying Audio
Distortion” (August 1956 Rapio & TEL-
EVISION News) showed reasons why
the same specified amount of distor-
tion can sound different, according to
the exact nature of the distortion, and
pointed up the need for more precise
methods of specifying such. This most-
ly related to the specification of dis-
tortion when clipping is involved.

But differences are noticed in the
" performance of amplifiers, even at

RECENTLY the opinion that the

40

published specifications.

levels well below the clipping point.
For example, a trumpet recording is
played through the two amplifiers and
on one sounds quite clean while on the
other there is a definite harshness
about the reproduction. When the gain
control is turned back the harshness
becomes less noticeable, but only be-
cause the level is that much lower—
it does not disappear completely, as
one would expect if it were due to
clipping, or an overload effect.

It became quite evident that some-
thing happens inside some amplifiers
that is not adequately covered by the
specifications. Incidentally, the ampli-
fiers were checked on the same meas-
uring equipment and both found to
conform to their published specifica-
tions, which ruled out the possibility

that one was not as good as it claimed.

Experimental Confirmation

Some work the author has been do-
ing recently has verified two possible
contributing causes for this kind of
difference. From the results of these
experiments it seems quite possible
for an amplifier to perform to ex-
tremely close limits under standard
test measurements and yet, with pro-
gram material, the same amplifier can
produce temporary or transient distor-
tion conditions that are loud enough
to be perceptible. Both these transient
conditions are related to the nature of
the roll-off characteristic produced by
the feedback.

It is well known that, when you ap-
ply more and more feedback to an
amplifier, a condition is eventually
reached where the amplifier becomes
unstable. This is due to the fact that,
at some frequency, usually below or

Amplifiers
Sound Different?

H. CROWHURST

above the audio spectrum, the feed-
back becomes positive and causes os-
cillation. The frequency of this oscil-
lation may be down in the region of
1 or 2 cycles or up in the region of 100
or 200 kilocycles, depending principal-
ly on which happens first.

Normally, of course, amplifiers are
operated with considerably less than
this amount of feedback, so they do
not oscillate. Naturally, one would
think that a margin of 2 to 1, or a
little more, in this direction would be
satisfactory to insure that the ampli-
fier could not get unstable under any
conditions. Many amplifiers have been
designed with about this much margin.

This, however, overlooks certain fun-
damental facts that evolve from a
mathematical consideration of feed-
back design. As this article is not writ-
ten primarily for engineers, we shall
refrain from going into the mathemat-
ics of such design. It is fairly easy to
understand that, as we increase feed-
back, before the amplifier starts to
oscillate, it will show a peak in the
response, in the region of the frequen-
cy where it will eventually oscillate.
The question is: how much must the
feedback be reduced, below the amount
which causes oscillation, before the
peak is completely removed?

This is where the mathematics help
some: in average amplifier design, we
learn that the margin between oscilla-
tion and peaking, at the low-frequency
end, is in the region of 18 db; while at
the high-frequency end, it will be in
the region of 12 to 14 db. These fig-
ures represent ratios of 8 to 1 and 4
or 5 to 1 respectively, both of which
are considerably larger than the pre-
viously suggested margin of a little
more than 2 to 1. These facts are
illustrated in Fig. 1.

What Do Square-Wave Tests Show?

In comparatively recent times, the
importance of an adequate margin at

HI-FI ANNUAL & AUDIO HANDBOOK



the high-frequency end has been real-
ized. This was shown up at first by
the use of square-wave testing. If
there is any peaking in the amplifier
response, or if the roll-off is too sharp,
this will show up on a square-wave
test as ringing at the corners of the
square wave, as shown in Fig. 3. Many
amplifier designers have, accordingly,
paid attention to this feature and made
adjustments to the amplifier so as to
prevent this ringing. This means that
high-frequency peaking must be ab-
sent from the amplifier.

However, there may not be the full
12 to 14 db stability margin, because
the designers have used a trick to pro-
duce a satisfactory square wave:
phase-shift capacitors associated with
the feedback circuit. It's true that this
method produces perfect amplification
of the high-frequency end, for tran-
sients as well as steady tone, when the
amplifier is connected to a resistunce
load.

Sometimes the designer has been
careful to make sure that the ampli-
fier performs reasonably well into a
reactive load, but .to make this test he
uses for his reactance a capacitance
across the output.

What seems to have been overlooked
is the fact that most people use dy-
namic loudspeakers (woofers, squawk-
ers, and tweeters) whose impedance
becomes that of an inductance at the
high-frequency end-—and an induct-
ance that gives a reactance somewhat
larger than the nominal voice-coil re-
sistance. This means that the ampli-
fier loading is quite different from the
conditions under which it is tested, as
shown in Fig. 2.

The nature of the “finagle” used can
be seen by a glance at the schematic:
it has at least a *‘“phase correction”
capacitor across the feedback resistor,
and probably has several other small-
value capacitors (values given in ppfd.,
not upfd.) at various points in the cir-
cuit. This produces a satisfactory re-
sponse with less than the basic 12-14
db margin, but because of this the ar-
rangement is inevitably more critical
of the correct loading on the amplifier
output. This means that the use of
the inductive loading provided by the
loudspeaker voice coil results in a
transient response which is probably
worse than it would have been if the
“finagle” had not been employed.

This fact accounts for the roughness
in the high frequencies, observed with
a number of amplifiers whose meas-
ured performance shows no trace of
over-accentuation of the high frequen-
cies, ringing on square waves, or dis-
tortion in this region.

Why the Struggle?

Perhaps a word is not out of place
here, as to why this technique is em-
ployed. It arises principally from the
current fashion for amplifiers to have
a frequency response as near as pos-
sible from zero to infinity. Since zero
to 20 cycles does not sound like a very
big ‘“piece,” but 20 kilocycles to in-
finity sounds like an enormous range,
the concentrated effort has been on
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The problems of dust, lint, and static buildup on phono
records and pickup styli have been solved by this
ingenious new invention which cleans the record as it is
being played. The Dust Bug pad is slightly moistened with
special, harmless fluid supplied in a replaceable applicator.
This helps to loosen groove dust and dirt so it can be
collected by the pad. It also eliminates the static
charge present in all records. Every point on an LP
record is cleaned by the wide Dust Bug pad approximately
one hundred times during a single play. A special model
is available for record changers.

Standard model, (above) complete with /
L.

fluid in applicator, only $5.75. y O

Record changer i, fi’, ) ) /
model, ight) o~ ° . . ’ -~
only $4.75 “ s A

complete. - ‘ A )

Acclaimed in two hemispheres!

“Has probably done more to preserve the life of records
and stylus points than anything we have yet come across,
even including super lightweight pickups!”

—HI-Fi YEAR BOOK (London)

“After half a dozen plays, the surface of the disc looks

exactly like a new, unplayed record. Noise, pops, and clicks are

gone... Highly recommended. .. should be on every turntable”
—AUDIO (New York)

FOR LISTENING AT ITS BEST

Electro-Sonic Laboratories, Inc.

Dept.F = 35-54 Thirty-sixth Street « Long Island City 6, N.Y.
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the latter end. As a result, amplifiers
have been produced with specified fre-
quency response extending to 30, 50,
100, and even 200 ke.

While some of our high-fidelity car-
toonists have suggested that such am-
plifiers are for the birds, this trend
has generally been taken rather more
seriously. Because of this, amplifier
designers have been faced with the
necessity of meeting specifications of
this kind, dictated by the promotion
or publicity departments of their com-
panies. To get the amplifier to per-
form to these specifications, they have
virtually had to resort to the kind of
tricks we have mentioned, because the
only alternative requires an output
transformer whose price would be pro-
hibitive.

What About the "Low" End?

So much for the high-frequency end.
The low-frequency end seems to have
escaped attention although, as we
found, its effects can be disastrous
with some kinds of program material.

Most amplifiers probably have a sta-
bility margin at the low-frequency end
of at least 2 to 1, or 6 db, and prob-
ably as much as 12 db. But, to avoid
any peaking effect at a subsonic fre-
quency, they need a margin in the re-
gion of 18 db. Unfortunately this peak

VDICE COIL VOKCE COIL
INDUCTANCE RESISTANCE
L
——d LOUDSPEAKEN
fr\
MOTIONAL
IMPEDANCE
{VERY SMALL.

ta) e} [{]

Fig. 2. (R) Common load used for testing
although (B) is occasionally used. (C) Ac-
tual load offered by speaker to amplifier.

T

Fig. 3. (R) Good square wave applied to
input and seen at output of very good ampli-
fier. (B) A more common output waveform.

of maximum resistance; that is, so
that its full 10,000 ohms is in series
with the capacitor and the milliam-
meter. Now the switch is closed and
low efficiency of the output transform-
er at this frequency.

That is a rather technical distinc-
tion—just what does it mean to ampli-
fier performance? A peak in the re-
sponse anywhere means that any
transient condition can cause the sys-
tem to ring at this frequency. If the
amplifier has any kind of peak in the
region of 1 or 2 cycles, a transient con-
dition can cause the amplifier to
produce a kind of low-frequency flut-
ter of this frequency, which may take
a few seconds to die away. But what
kind of transient would do this?

What Is a Low-Frequency Transient?

The frequency of ringing is down at
one or two cycles, so the normal tran-
sient, with a sharp wavefront, will not
necessarily cause this kind of ringing.
The waveform that will produce it is
one that possesses a momentary d.c.
component. Many of these occur in
practical program material.

For example, the trumpet waveform
we mentioned earlier is quite asym-
metrical: this means it is equivalent to
an a.c. waveform, with a number ol
component frequencies, plus a d.c. com-
ponent which offsets the waveform on
one side of zero. This probably occurs
due to the fact that the instrument is
blown and the air coming out consti-
tutes a d.c. component. When a
stringed instrument, especially a string
bass, is plucked, or a percussion in-
strument is played, these, too, produce
a momentary deflection of the wave-
form one way or the other from the
zero line at the start of the tone.

Thus it can be seen that any of these
kinds of program material can initiate
the low-frequency ringing we have de-
scribed.

So What Happens?

In the old-fashioned kind of ampli-
fier, without feedback, this kind of
program material will produce a mo-
mentary change of bias on each stage
through the amplifier. The time taken
for each bias to change will depend on
the time constant, as it is called, pro-

duced by the coupling capacitor and
the associated circuit resistors. In
other words, a continued trumpet tone
will cause the bias on each stage to
re-adjust itself by some fraction and
each stage will take a moment or two
to settle down to its new bias value.
This is illustrated in Fig. 4. The time
taken for each stage to settle down
will be dependent upon the time re-
quired for the coupling capacitor to
change its charge: larger capacitors
will take longer and smaller ones will
allow the change to take place more
quickly.

In a non-feedback amplifier all these
changes will take effect at so slow a
rate that they will not contribute any
audible difference to the sound of the
output. But when feedback is applied
to the amplifier, all these time con-
stants interact so as to make the am-
plifier almost into a low-frequency os-
cillator. It does not quite oscillate,
otherwise the amplifier would be audi-
bly unstable, but any of these tran-
sients coming along will set it into a
momentary state of oscillation, which
takes a few seconds to die away.

The oscillation itself is not audible,
because it is only at 1 or 2 cycles and
the output transformer prevents any
appreciable voltage at this frequency
appearing across the loudspeaker voice
coil, also the loudspeaker does not
produce appreciable response at this
very low frequency. However, the
low-frequency fluctuation oceurs at
measurable amplitude at some point
inside the amplifier circuit itself.

The asymmetrical kick given by the
program waveform can set up an os-
cillation twice as big as the effective
d.c. component. This means that quite
a large fluctuation can occur inside
the amplifier which will not be audible
outside of it.

Effect on Program

So why does it cause trouble? Be-
cause the gain of every stage in the
amplifier varies with operating bias.
This low-frequency fluctuation is like
a periodic changing of the bias of sev-
eral stages through the amplifier. Con-
sequently the program material gets
modulated at this low frequency.
What we hear, then, is due to an in-

Fig. 1. (A) Ideal response when the feedback is correct: part curves show instability points as feedback is increased.
(B) Eects of various stability margins on the over-all response; 12 db is proper for high end and 18 db for low end.
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termodulation of the program material
by this low-frequency oscillation.

If the feedback were not présent
(which, of course, is an impossible
state to imagine, because the feed-
back is what is causing the oscilla-
tion), the effect most noticeable would
be that the whole program would
sound as if an electronic tremolo had
been added. However, the presence of
a large amount of feedback stabilizes
the gain of the amplifier so the tremo-
lo effect is not noticeable.

Instead, the same intermodulation
that would cause a tremolo effect, but
for the feedback, produces a much
larger amount of IM distortion in the
amplifier than occurs under static
measurement conditions. This results
in the harshness often observed in
modern feedback amplifiers.

How All This Was Proved

These observations are not just the
result of theorizing. To substantiate
this, two amplifiers of conventional de-
sign were taken and modifications
made to bring their designs into line
with the established mathematical
theory, giving the required stability
margins at both ends of the frequency
response to avoid peaking under any
circumstances.

i

Fig. 4. (A) Asymmetric wave without iso-
lating d.c. (B) Offsetting bias adjustment.

=

These changes resulted in a slight
deterioration of the frequency re-
sponse, but in neither instance did the
response drop below 1 db at 30 cycles
or 15 ke., which is still considered to be
high fidelity. It is doubtful-—extreme-
ly doubtful — whether a difference
of 1 db at either 30 cycles or 15 ke.
could possibly be heard ‘“for itself
alone.” A-B checks were then con-
ducted between the amplifiers, using
their original circuits and the revised
feedback circuits.

A difference was quite noticeable in
the reproduction of program material,
particularly with the kinds of program
material in which, as has been dis-
cussed, there is asymmetrical wave-
form—when wind instruments are
playing, or string instruments are
played by plucking. These experiments
certainly seem to have uncovered at
least some of the major differences
that can exist between amplifiers with
equally good specifications—differences
that do not show up, at any rate, in
the standard method of specification.
These are, in fact, defects that are not
in the book! -0
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The H. H. Scott engineering
laboratories proudly introduce the
new Model 299 40 watt stereophonic
amplifier and control center. It con-
tains many advance features that
not only meet the needs of today’s
stereophonic program sources, but
anticipate the requirements of the
future. Check the details of this new
amplifier, and see for yourself why
the new 299 is superior to any other
amplifier available.
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1 40 watt power stage consisting of dual 20 watt power
amplifiers. You need this much power to meet the re-
quirements of today's gpeak y . 2 Completely
separate Bass and Treble controls on each channel so
that different speakers may be matched. 3 Provision
for connecting both a stereo phono cartridge and stereo

Now! The Most Important

Product Announcement

in the History of H. H. Scott!

tape heads.

Here are the exciting details on
The Stereo Amplifier

that sets the Standards
for the Next Decade!

4 Phase reverse switch to compensate for

impfroperly phased tape recordings or loudspeakers.
5 Special balancing circuit for quick and accurate volume

balancing of both channels.
and rumble filters.
panel. Instantly indicates mode of operation.
used as an electronic crossover (bi-amplifier).

6 Separate record scratch
1 Unique visual signal light control
8§ Can be
9§ Special
tion of tape playback heads

for direct c

without external preamp.
use your stereo pickup on monaural records.

10 Special switching lets you
1 You

can play a monaural source such as an FM tunerthrough
both channels simultaneously effectively doubling power.

12 Loudness compensation.
output.
eliminate hum (80 db below full power output).

13 Stereo tape recorder
14 D.C. filament supply for preamp to virtually
15 Dis-

tortion (first order difference tone) less than 0.3%,.

o

Size in accessory walnut case :
1513w x 5h x 12'4d. Price
$199.95. (West of Rockies
8204.95)

<>

Write for complete technical
specifications and
new catalog HFA

H. H. SCOTT, INC.
111 POWDERMILL RD., MAYNARD, NASS.
EXPORT: TELESCO INTERNATIONAL CORP.
36 W. AQTH ST N. Y. C.
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Upgrading
the Hi-Fi
Amplifier

By HERMAN BURSTEIN

A step-by-step search for a really clean 15 watts

output by slight changes in basic Williamson circuit.

the audio literature that IM distor-

tion below 1 or 2% cannot be de-
tected by the ear. Yet in listening to
several power amplifiers operating at
moderate level, where no more than
1-watt equivalent sine-wave power is
produced on peaks, a good ear will
readily note that some amplifiers sound
cleaner than others, even though in all
cases the measured IM is below 1% at
moderate level. This has been the
cause of some concern to many
listeners.

It would seem, therefore, that maxi-
mum permissible IM distortion is still
open to question. In discussing this
matter with various individuals in the
audio field, some have indicated that
the 1 or 2% limit should be radically
revised downward. One, an engineer,
stated that in a series of tests made
with a number of power amplifiers, the
findings of his ears inevitably corre-
lated with the IM distortion found by
instrument, even though the distortion
was but a fraction of 1% at the test
levels. On the other hand, it is possible
that the differences among amplifiers
are not actually due to distortion
products, but rather to some other
characteristic, and that the amount of
IM is an index to this characteristic.

Desiring to do a little research on
this question, the author recently bor-
rowed a highly regarded 50-watt am-
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sTATEMENTS frequently appear in

plifier to compare with his 10-watt
Williamson, vintage 1950. At quite
modest reproduction levels, the 50-
watter had a slight but definite ad-
vantage in terms of clarity, purity,
and seeming ease. The initial tempta-
tion was to heave out the Williamson
in exchange for a good 50-watter. On
second thought, it was decided to have
a go at the Williamson to see if it
could be brought up to the quality of
the comparison amplifier. The author’s
speaker system is relatively efficient;
hence it was reasonably certain that
the difference in performance of the
two amplifiers was not due to power
capacity, particularly since compari-
sons had been made at moderate lis-
tening levels.

The eventual result was that the
Williamson was not tossed out-— at
least not yet. The events that took
place serve as an illustration that, with
the aid of a few readily available in-
struments, one can significantly im-
prove the quality of an existing ampli-
fier. There are still many 10- or 12-watt
Williamsons around, as well as other
amplifiers of similar wattage and not
too different circuitry, which may be
susceptible of such improvement. The
audiophile or technician with access to
the few necessary instruments can un-
doubtedly obtain results similar to
those achieved by the author. The
equipment used included an audio

oscillator and a Heath Audio Analyzer,
which combines in one package an IM
distortion meter, a highly sensitive a.c.
v.t.v.m., and a wattmeter. Such units,
which but a few years ago were seldom
found outside the laboratory, today are
available in kit form at truly low cost.
Since they are very popular items, one
has a good chance of being able to
borrow them from an engineer or tech-
nician friend or perhaps rent them
from a service shop. Or, of course,
the unit may be built from a kit.

Before departing for parts unknown,
the author decided to check where he
had been and obtained the readings
given in Table 1A on IM distortion in
the Williamson.

Fhen began the search for improve-
ments. The first two steps were virtu-
ally barren. These were to precisely
balance the d.c. current through the
output tubes and to replace each tube
in the amplifier (again balancing d.c.
current when the output tubes were
exchanged). Each of the remaining
steps, however, was fruitful.

1. The original Williamson circuit
employed triode operation of the out-
put tubes. The author decided to try
a switch to “Ultra-Linear” operation,
or rather an approach to it. The output
transformer in the amplifier is a UTC
LS-63, which has intermediate taps be-
tween the “B-plus” and plate taps, al-
though not at a point representing

HI-FI ANNUAL & AUDIO HANDBOOK



CHANGES

IM DISTORTION BEFORE

Equiv. Sine-Wave
Power (watts)

15

10

5

2

1
.5
.1

(A)

IM DISTORTION IN QUASI IM DISTORTIQN AFTER
ULTRA-LINEAR"” MODE ALL CHANGES
Equiv, Sine-Wave Equiv. Sine-Wave
M% Power (watts) IM% Power (watts) IM%
11 15 3.59 15 L.75
3.20 10 72 10 21
.33 5 40 5 .13
.22 2 .21 2 .08
.16 1 .14 1 .07
12 .5 12 .5 .066
.09 .1 .08 .1 .063
(B) (C)

Table 1. Improvements in IM distortion resulting from simple circuit changes.

about 18.5% of the impedance as called
for in true “Ultra-Linear” operation.
Nevertheless, by connecting these in-
termediate taps to the screen grids of
the output tubes, definite improvement
was achieved. Figure 1 shows the
change in connections. Table 1B shows
the results. :

The improvement was an obvious
one. The “Ultra-Linear” form of con-
nection produced as little or slightly
less distortion at low levels and de-
cidedly less at high levels. An amplifier
which barely qualified as a 10-watter
was converted into a very satisfactory
15-watter.

(It should be mentioned that in
checking IM distortion at various out-
put levels, the wattmeter reading was
always multiplied by 1.47, which is the
customary thing to do, in order to con-
vert the average power reading of the
wattmeter into equivalent sine-wave
power. The IM test employs a low-
frequency voltage and a high-frequency
voltage in the ratio of 4:1. These are
fed into the power amplifier under test.
Accordingly, the amplifier actually
produces a total power proportional to
42+ 1%, which is 17, and this is what
the wattmeter reads. However, the
output of the amplifier is not a true
sine wave, for it consists of one fre-
quency superimposed on another. A
sine wave with the same peak as the
actual output would contain more
power—designated as equivalent sine-
wave power. Since the test voltages
are proportional to 4 and 1, they add up
10 a peak voltage proportional to 5. A
sine wave with a peak voltage propor-
tional to 5 would produce a sine-wave

power output proportional to 25, be-
cause power is proportional to voltage
squared. Thus the ratio of equivalent
sine-wave power to actual power out-
put is 25/17, or 1.47.)

2. As shown in Fig. 1, the author’s
version of the Williamson included a
cathode bypass capacitor across the
common cathode resistance of the out-
put tubes. According to the literature
at the time, this capacitor served to
improve low-frequency response. Upon
removal of this component IM distor-
tion went down slightly but signifi-
cantly, no doubt because of the current
feedback produced by the unbypassed
cathode resistance. A check of 20-cycle
response {(minimum frequency of the
available oscillator) showed no deteri-
oration in the response at low or high
levels.

3. Next the author tried changing
grid bias, by altering the value of
cathode resistors in the various stages
preceding the output tubes. Only in
one case, at the input tube, did this
measure help. Increasing the cathode
resistor here from 470 to 870 ohms led
to an appreciable drop in distortion.

4. The last measure was to adjust
the amount of feedback from the sec-
ondary of the output transformer to
the cathode of the input tube. Even
after increasing the cathode resistor of
this tube, it was found that feedback
was only 14 db, whereas the design
permits 20 db with stability. Using a
pot as a temporary feedback resistor, it
was adjusted for 20 db feedback. To
determine amount of feedback, a very
low signal input at 1Q00 cycles was
used and amplifier output with and

RADIO

TAPE

w__IW

without the feedback resistor con-
nected was measured. When the Setting
of the pot was such as to produce a
power ratio of 1:100, this signified 20 db
feedback. Again there was improve-
ment, owing to 6 db more feedback.

Table 1C shows the final results, in-
corporating the benefits of all four
steps.

Below 10 watts, this performance
compares with or excels that of some
very highly regarded modern ampli-
fiers, although the power capacity of
the latter may extend to 30 or more
watts. It should be noted that below
5 watts the IM distortion is probably
less than indicated in the table inas-
much as the residual reading of the
IM tester used, without an amplifier
under test, was about 06%.

To make sure that the changes had
not adversely affected frequency re-
sponse or unduly altered sensitivity and
other characteristics, these were
checked. Response was found to be
perfectly flat from at least 20 cycles
(low end of the oscillator) to 25,000
cycles, dropping gradually thereafter in

@
+

CONNECTIONS#

~LINEAR”

Ix

wFULTRA

-ad

Fig. 1. Amplifier output stage changes.
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GA!NOUTPUT

CHANGE  TO O2utd.

Fig. 2. Modifications
in the control am-
plifier circuit that
are described above.
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MORE THAN 600,000 ELECTRONIC HOBBYISTS,

EXPERIMENTERS, STUDENTS AND HI-FI FANS

WATCH FOR ADS LIKE THESE EACH MONTH!

BEST Offer over $125 buys my $250 Zenith
All-Transistor Trans-Oceanic Portable. Never used.
Nathan, Suite 2018, 37 Wall Street New York 5.

“TRANSISTORS For Beginners.” At last a treatment
of transistors you can easily understand. Clearly de-
scribes in simple language transistor action, amplifi-
cation, biasing, NPN and PNP transistors, etc. Com-
pletely diagrammed. A must for beginners. $1.00.
P. Polton, 3702 E. Oakwood, South Milwaukee, Wis-
consin,

FOR Sale Custom-bilt 70 watt Heathkit amplifler
(W6-M) guaranteed to exceed published specifica-
tions, $135.

Heathkit preamp (WA-P2) Custom-
bilt, $25. Purcell, Box 363, Michigan City, Indiana.

These classified ads are typical of the hun-
dreds that appear each month in the pages of
RADIO & TV NEwWS, POPULAR ELECTRONICS and
HiF1 ReviEw. They bring top-notch results! As
the above advertisers can attest, there's no
better spot for a classified ad in the field of
electronics!

If you have used equipment or information
or services to sell, you too will find the classi-
fied columns of Ziff-Davis electronics mag-
azines to be perfect market places. Your ad
will get results quickly and profitably.

for complete details,dropaposteardto:
MARTIN LINCOLN
BOX HFA
Ziff-Davis Publishing Company
One Park Avenue
New York 16, New York
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relatively smooth fashion; it was 3 db
down at 40,000 cps and 6 db down at
100,000 ke. Sensitivity proved to be
suitable: 1.7 volts input required for
10 watts output. Here it is appropriate
to mention that two watts- equivalent
sine-wave power is the very most the
author’'s relatively efficient speaker
system can use. A calibrated oscillo-
scope has been placed across the power
amplifier from time to time when feed-
ing in various kinds of program mate-
rial via FM, tape, and phono, and only
at painfully loud levels did the scope
show as much as the equivalent of a
two-watt reading. Accordingly, it can

be estimated that the most voltage re-
quired to drive this power amplifier is
slightly under .6 volt.

No instrument check was made of
signal-to-noise ratio, because with the
amplifier connected to the speaker sys-
tem absolutely no noise or hum was
audible right at the speaker. In the
matter of low hum content, it is of in-
terest to note that the author’s
Williamson was built in the old-fash-
ioned way, with two chokes in the
power supply. ’

Before returning the power amplifier
to use, it was decided to also check
out the control unit, which was one of
the very best in its day about seven
years ago, although since outdone. IM
distortion measured about 1.5% at 1.5
volts output (equivalent sine-wave
voltage obtained by multiplying actual
volts by 1.212), about 1% at 1 volt,
about 5% at .5 volt, and proportion-
ately less at reduced output. A couple
of slight changes reduced IM to about
.3% at 1.5 volts output and to less than
1% at normal levels. The modifica-
tions, shown in Fig. 2, consisted in part
of changing the plate resistors in two
triode stages to a substantially higher
value inasmuch as triodes operate in
more linear fashion as the plate load
resistor is increased. At the same time,
the cathode resistors had to be in-
creased to maintain proper grid bias.
As a means of keeping noise down,
Allen-Bradley 1-watt resistors were
employed, although on the basis of heat
dissipation 4-watt ones would have
been more than enough.

Upon checking frequency response of
the control unit, it was found that the
high end had been adversely affected
somewhat, being about 4 db down at
15,000 cps at mid-setting of the volume
control, which is the position where the
greatest treble losses, due to circuit
capacitance, take place. The deteriora-
tion resulted from increasing the plate
load resistor in the output stage, with
a consequent increase in output im-
pedance and greater loss of high fre-
quehcies due to cable and other
capacitance. (The control unit was
built before the days when it became
de rigeur to employ cathode followers
in the output stage.) However, the
situation was quickly corrected by
using a .02 pfd. instead of a .01 pfd,
cathode bypass capacitor at V, in Fig. 2.
This maintained response flat within
1 db to 15,000 cps.

The final step was to coordinate the
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input signal level to the control unit
and the input signal to the power am-
plifier. Both units have input level-set
controls and the problem of coordi-
nating them is as follows. If the level
control of the power amplifier is set
high, this has the advantage of re-
quiring less signal from the control
unit, which means less distortion pro-
duced in the latter. The disadvantage,
however, is greater amplification by
the power amplifier of noise and hum
generated within the control unit. To
the extent that the input level set of
the power amplifier is turned down to
reduce noise and hum from the control
unit, the input level of the control unit
must be turned up in order to provide
adequate drive to the former. The
higher the input level setting of the
control unit, the more the distortion
generated therein.

First the gain control of the control
amplifier was rotated to about three-
quarters position to represent the max-
imum volume likely to be used; thus a
reasonable volume reserve was main-
tained for special occasions. The input
level-set of the power amplifier was
backed down slightly so that the noise
and hum heard through the speaker
was imperceptible except within a
couple feet or so. (Any listening done
within a few feet would hardly be with
the gain control at an advanced posi-
tion.) Then the input level-sets of the
control amplifier for each source
(phono, FM, TV, tape) were adjusted
so that, when typical program material
was fed in, the mraximum level ordi-
narily desired was obtained at three-
quarter setting of the gain control.

This procedure made it impossible to
hear any noise or hum at moderate
gain control positions and of course at
advanced positions the signal would
drown out the increase in noise and
hum (chiefly noise). It may be added
that the control amplifier is mounted
so as to make the level-sets readily
accessible for adjustment in the event
a very weak signal source is used. In
fact, the control amplifier is suffi-
ciently sensitive so that, with input
level set full on, a dynamic micro-
phone can be accommodated by any one
of the high-level input channels.

The final results can only be deter-
mined by ear and it is not too easy to
be sure, especially when the equipment
was not really poor to begin with.
However, particularly when good pro-
gram material is available, such as a
first-rate tape recording or, better yet,
live FM, it seems that the reproduction
has gained ease and clarity and that
listening fatigue has been set back
another notch. Whereas the 50-watt
comparison amplifier had a definite
edge before the changes, afterward the
Williamson seemed at least as clean.
It was not feasible, with the efficient
speaker system used, to introduce
levels into the listening room where
the superior power capacity of the 50-
watter made a difference, as it would
of course under outdoor, auditorium, or
other large-area conditions at realistic
levels of reproduction. 30
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NOW 2 ASSEMBLE-IT-YOURSELF
Selvober ELECTRONIC ORGANS

SAVE HALF

NO SPECIAL SKILLS
PAY KIT-BY-KIT

Now you can afford an electronic organ. Whether you choose
the full Concert model or the smaller Consolette, you have an organ
equal to any made by the foremost manufacturers. In addition, you save
over ¥4 the cost because you assemble it yourself..
thrill of achievement. Too, you purchase each kit only when you are ready for it.
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2 different MODELS
2 different SIZES

2 different PRICES

CONCERT
MODEL

e TWO FULELSSIZE PIPE-ORGAN MANUALS,

w OCCUPIES 3757 x 477 FLOOR SPACE

Yr 26 STOPS AND COUPLERS

Yr 32 BASS PEDALS

Yr ASSEMBLED CONSOLE

Yy CONFORMS TO AMERICAN GUILD OF
ORGANISTS SPECIFICATIONS FOR PIPE

ORGANS
Yr COMPLETE STEP-BY-STEP INSTRUCTIONS

CONSOLETTE
MODEL

.and you enjoy the

-

==}

Yr OCCUPIES ONLY 2’ x 3’2" FLOOR SPACE
Yr TWO FULL SSIZE PIPE-ORGAN MANUALS,
KEY

122 K

Yr 22 STOPS — ABOVE-KEYBOARD TABS
4 13 HEEL-AND-TOE BASS PEDALS
7 FULSL OCTAVES OF TONE (DOWN TQ 32

PS)
Yr BUILT-IN SPEAKERS OPTIONAL

Yy ASSEMBLED CO

NSOLE
Yr COMPLETE STEP-BY-STEP INSTRUCTIONS

10" LP RECORD DEMONSTRATING BOTH MODELS
AVAILABLE FOR $2, REFUNDABLE UPON PURCHASE

FREE NEW 1959 EDITION OF 16 PAGE ILLUSTRATED BOOKLET ON REQUEST
Write Now — See What Fine Instruments You Get At Such Great Savings

The SCHOBER ORGAN Corporation - 2248-Q BROADWAY « NEW YORK 27, N. Y.
SCHOBER KITS ALL OVER THE WORLD

¥t Designed by Richard H. Dorf.
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CROSSOVER NETWORK
WITH TREBLE CONTROL

ON GOLD EMBOSSED SOLID BRASS

MOUNTING PLATE — Model CN-6
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1500 cycle Crossover -,
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attenuation outside of
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SYSTEM?

pass bonds.

insertion loss in poss
Operotes with both 8 and 16 ohm speakers.

bands.

9db vor-
iation in treble re-
sponse. Constont im-.
pedance full network
{LCR} type. Negligible

CTOSIOVER NETWORK
e RN L BN

Mounts on specker enclosure with gold embossed brass

plate.

All brass hardware aond instructions supplied.

Packaged in ottractive box with see-thru cover.

NET $8.97

L-PAD

WITH PHONE AND
SPEAKER JACKS

Simplifies addition of fhones and
speaker to Fi-Fi aystem

1 avtio ive

Constant impedance devices for od-
dition of phones and/or speaker to
existing Hi-Fi system. Quality en-
gineered L pad for smooth control
of audio level. Ideal for monnorlng
Hi-Fi, P. A. ond Inter-com equip-
ment, Completely wired — amplifier
output leads are attached to two
screw terminals, Moy be installed
in multiple units for clossroom or
auditorium listening, Bross gold
embossed plate mounts in standard
wall box or on panel of Hi-Fi set.
Bross hordware supplied. Pockoged
in attractive box with see-thru cover,
Model JL-83 8 ohms NET

Model JL-16 16 ohms $7.77

Vidaire

ELECTRONICS MANUFACTURING CORP.

BALDWIN

. NEW YORK
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Package
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guaranteed.
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Audio Tape
Full Line of
Cabinets



Overall views of the low-cost hifl
amplifier along with its separate power
supply. The new miniature beam power
tube used is shown directly below.
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By
LEONARD KAPLAN
Electron Tube Div.
Radio Corp. of America

HE new RCA-6973 beam power tube
Tis a 9-pin miniature type developed

specifically for use in the output
stages of high-fidelity a.f. amplifier
equipment. The new tube has a 6.3-
volt, 0.45-ampere heater, low screen-
grid current requirements, and high
plate and screen-grid voltage ratings
which allow it to operate very effi-
ciently in a variety of output circuits.
It is ptrovided with specially designed
grid structures and a basing arrange-
ment which assure cool grid operation
and freedom from grid emission. This
feature permits the use of much
higher values of grid-No. 1 circuit
resistance than are generally per-
missible for beam power tubes and
gives the 6973 exceptionally high
power sensitivity. Two 6973’s, pentode
connected, in a conventional push-pull
class AB, output circuit can deliver as
much as 24 watts of output power
with very low harmonic distortion.

The characteristics of the 6973 have
made it possible to design a simple,
low-cost high-fidelity amplifier using
only three tubes and having perform-
ance characteristics  indistinguishable
from those of amplifiers having much
more complex circuits, using more
tubes, and costing many times as
much. The new amplifier employs only
standard, non-critical components, and
does not contain any circuits, bal-
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A Low-Cost
~ Hi-Fi Amplifier

Simple 15-watt power amplifier uses

new RCA beam power output tubes.

Power Output:
Sensitivity:
Frequency Response:
Output Impedance:

15 watts continuous; 19 watts for short bursts
.98 volt for 15 watts output

17 t0 60,000 cps + 1 db

65 ohm at 60 cps on 8.0ohm tap

Total Harmonic Distortion .17% @ 1 watt output; .19% @ 4 watts; 2% @ 8 walts;
at 1000 cps: 4% @ 15 watts
. Hum and Noise: 90 db below 15 watts (input shorted)
75 db below 15 watts (input open)

Table 1. The performance characteristics of the amplifier described below.

ancing adjustments, or other controls
which might require the use of test
equipment. Anyone with a soldering
iron and a modicum of construction
experience should be able to assemble
the unit and duplicate the results
obtained in the laboratory.

Design Consideration

The initial specifications for the am-
plifier were: (1) It should be capable
of reproducing everything the human
ear can detect and, therefore, should
have a frequency response flat within
+ 1 db from 20 to 20,000 cps. (2) Total
harmonic distortion at full output

should be less than 0.5% so as to be
virtually undetectable to even the
most discriminating listener.® (3) Be-
cause most authorities agree that a
dynamic range of approximately 70 db
is necessary for high-fidelity reproduc-
tion it should have a power output of
at least 15 watts so as to be capable
of reproducing a range of 75 db when
used with speakers of average effi-
ciency.** (4) To assure good loud-
speaker damping and permit operation
with any type of loudspeaker system,
including the new electrostatic types,
it should have the lowest possible
terminal impedance and the highest

HI-FI ANNUAL & AUDIO HANDBOOK
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Bottom view of the amplifier itself is shown here. Note the simplicity of the
wiring and the absence of any crowding. Note also the use of the ground bus.
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Me! e cs)f - ’ -1
R2 0 T
1] a5 A s -
RS | R R
B-(CH) ~L- l
3 Tce B+, (300V)
Ri—10,000 ohm, Yz w. res. * 104 Ri—6800 ohm, Vo w. res. = 104
R:—470.000 ohm, V5 w. res. * 107% Ci—.25ufd., 400 v. capacitor
Rs—220,000 ohm, Y3 ». res. & 10 C:—40 ufd., 450 ». elec. capacitor
R—2.7 megohm, V3 w. res. = 10/, Cs—15 uufd., 400 ». capacimf
R;—680 ohm, Y3 w. res. = 10 Cy, Ci—.1 ufd., 400 ». capacitor

Rs—1.5 megohm, Vo w. res. = 107

R:, Re—15.000 ohm, 2 w. res. = 5,
Ry—3900 ohm, 2 w. res. * 107,

R, Riuu=—220,000 ohm, V, w. res. = 10,
Ri:, Ris—1000 ohm, V4 w». res. = 107
R, Ris—100 ohm, V4 w. res. * 10"

Cs—6.8 uufd., 600 v. capacitor

C:—180 uutd., 400 v. capacitor

Ji—Input jack

T1—OQutput trans. 6600 ohms plate-to-plate to
v.c. (Stancor A8056)

Vi—6BHS tube V: V:i—6973 tube

Fig. 1. Complete schematic of the low-cost amplifier. This unit is not available
in kit form but must be built by the home constructor from this circuit and parts.

Fig. 2. (A) Frequency response of the power amplifier taken at a reference level

of 1.25 watts output.

(B) Total harmonic distortion at various output powers.
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possible margin of stability. (Margin
of stability is a term used to describe
the ability of an amplifier to refrain
from bursting into oscillation when
used with a reactive load or when ex-
cited by signals having steep wave-
fronts.)

Circuit Design

The circuit of the amplifier is shown
in Fig. 1. The amplifier employs a
pentode input stage, direct-coupled to
a triode split-load-type phase inverter
which, in turn, drives a pair of 6973’s
in push-pull class AB,. The 6973 s are
pentode connected and are operated
with fixed bias. The input and phase-
inverter stages use the recently intro-
duced RCA 6BHS8, which contains a
high-gain pentode and a medium-mu
triode in one envelope.

The use of direct coupling between
the input and phase-splitter stages
minimizes phase shift at low fre-
quencies and consequently increases
the amount of inverse feedback that
may be used without danger of low-
frequency instability. Because the
plate voltage of the input stage deter-
mines the bias on the phase splitter
the use of direct coupling can intro-
duce certain difficulties, particularly
in a high-gain, high-impedance circuit
such as this one; that is, normal varia-
tions in the characteristics of the in-
put pentode can produce wide varia-
tions in the operating point of the
following triode. This difficulty has
been substantially overcome by obtain-
ing the screen-grid voltage for the
pentode from a high-impedance volt-

age divider. This voltage divider
serves two purposes: (1) it prevents
excessive screen-grid voltage from

being applied to the tube during the
warm-up period; (2) the large IR
drop in the 1.5 megohm resistor tends
to stabilize the screen-grid voltage
against the effects of changes in tube
characteristics. Since the plate cur-
rent and plate voltage of the pentode
are highly dependent on the screen-
grid voltage, the plate voltage also
tends to stabilize from tube to tube
so that any 6BH8 will perform well
in the circuit.

One of the difficulties sometimes
experienced with the split-load-type
phase inverter is unequal high-fre-
quency response in the two sections
of the circuit due to the fact that the
plate section has higher impedance to
ground than the cathode section. This
difficulty has been minimized to a
large degree in the new amplifier by
use of a low-value load resistance
(15,000 ohms) for each of the sections.
The resulting high-frequency unbal-
ance is negligible within the audio-
frequency range and is less than 2 db
at 100,000 cps.

A class AB amplifier delivers highest
efficiency and lowest distortion when
operated with fixed bias®. This method
of operation has several advantages:
(1) The quiescent currents are low and
heavy currents are drawn only when
power is being delivered to the load.
Tube dissipation at normal signal
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Underside view of the separate power
supply used with the amplifier. Se-
lenium rectifier supplies fixed bias used.

Fig. 3. Diagram and parts list {01 e
separate power supply unit. A 6.3-volt
pilot lamp may be wired to points “XX.”

levels is very small and, therefore, is
favorable for long tube life. (2) The
reactance of the cathode bypass ca-
pacitor normally used in a self-biased
stage is eliminated. Practical sizes of
cathode-bypass capacitors seldom pro-
vide adequate bypassing at very low
audio frequencies. Their reactance in-
creases rapidly as the frequency is
lowered and causes a corresponding in-
crease in output impedance which is
detrimental to the stability of the am-
plifier when large amounts of feedback
are employed*. (3) The elimination of
the self-bias resistor allows the bias
to be independent of signal level and
allows optimization of bias for lowest
distortion,

Negative voltage feedback of 19.5 db
is applied around the entire amplifier
to assure very low output impedance
and minimize distortion. The small ca-
pacitors connected from the grid of the
6BHS8 triode to ground and from the
plate of one output tube (the lower
one on the schematic) to the cathode
of the input pentode increase the mar-
gin of stability substantially, as a
glance at the photographs of the
square-wave response in Fig. 4 will
show.

Power Supply

Fixed-bias operation of the output
stage requires that the plate supply
have very good voltage regulation be-
cause the plate current varies con-
siderably with the signal level. The
circuit of the power supply is shown
in Fig. 3. It is a conventional choke-
input system, and provides excelient
regulation at low cost. The fixed bias
voltage for the output stage is ob-
tained from one-half of the high-
voltage winding of the power trans-
former through a capacitance-resist-
ance voltage divider and a 20-ma. se-
lenium rectifier. The voltage divider
allows the use of a selenium rectifier
having a rating of only 130 volts r.m.s.
The center tap of the heater-supply
winding is connected to a resistive
voltage divider across the output of
the power-supply. The resulting 50-

{AMR)  [PREAMP)
84, B4,

'll'|

Nn7vAcC.

R4

17+

RS

B-
J &

ICI

i S|
+

RI

X
ié 6.3V.
L.x
R:—15,000 ohm, Yy w. res. = 107
Re—68,000 ohm, V5 w. res. = 107,
Rs—4700 ohm, 2 w. res. = 10%,
R—270,000 ohm, 1 w. res. = 10,
Rs—47,000 ohm, V5 w. res. = 109,
C1r—.02 ufd., 600 v. capacitor
Cs—100 ufd., 50 v. elec. capacitor

Cs+—80 ufd., 450 ». elec. capacitor
Ci—40 ufd., 450 v. elec. capacitor

volt positive heater bias minimizes
heater-cathode leakage and eliminates
the need for hum-balancing adjust-
ments®.

Conclusion

The extent to which the original
objectives have been achieved may be
seen from the performance data shown
in Figs. 2 and 4 and in Table 1. It can
be seen that in every respect the am-
plifier cxceeds the original specifica-
tions.

—__i I

—+J~!»H T+ *T

Fig. 4. (A) Square-wave
20 cps. Some waveform tilt

response at
is shown.

Fig. 4. (C) A 5000 cps square wave is
shown here. Note the very slight ringing.

CH;—3 hy., 75 ohm filter choke (Triad C13X
or equiv.)

S—S.p.s.t. switch

Fi—2 amp fuse

Tr—Power trans. 360-0-360 ».
5 v. @ 3 amps; 6.3 .
(Stancor PC-8410 or equiv.)

SR1—20 ma., 130 v. selenium rectificr

Vr—35U4GB tube

@ 120 ma.;
@ 3.5 amps.
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Fig. 4.
cps. A very

(B) Square-wave response at 50
slight tilt still remains.

Fig. 4. (D) This is a 10,000 cps square wave.
The slight ringing has been spread out.
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Tests show that positive current feedback improves
hi-fi systems which already have good loudspeakers
providing the correct feedback circuit is employed.

HE use of current feedback to pro-
Tvide improved bass response in a

high-fidelity speaker system has
caused a lot of discussion pro and con.
It has been argued that it cannot
greatly improve speaker damping be-
cause the mechanical parts of the
speaker are not coupled closely enough
to the electrical parts.! It has also
been argued that it might help on an
inadequate speaker system but that it
was worse than useless on a truly
high-fidelity speaker.? On the other
side, curves have been presented which
give dramatic proof of the improved.
damping obtained with a particular
kind of current feedback,® but few de-
tails are given about the speaker sys-
tem used and, therefore, no adequate
conclusions can be drawn. This differ-
ence of opinion is understandable since
the most desirable mode of loudspeak-
er operation for the best listening is
not agreed upon even by experts in
the field. The only way an individual
can determine for himself the merits
of such feedback is by the use of his
ears.

What is actually accomplished with
current feedback can be best under-
stood by forgetting the ideas of damp-
ing, negative impedance, etc. for the
moment and concentrating only on
the frequency response. Anyone who
has heard an audio oscillator through
any speaker system has probably ob-
served that while the response may be
poor below a certain frequency, fre-
quencies much lower than this can
usually be reproduced if the power to
the speaker at these frequencies is in-
creased relative to the higher fre-
quencies. Often, when this is done,
appreciable harmonic distortion is
present and the speaker cone rattles.
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Usually for music system use, if the
bass output from the speaker is in-
creased by conventional bass-boosting
techniques, then such distortions are
objectionable. In the optimum use of
positive current feedback these objec-
tions to low-frequency boosting are
overcome by using a rising bass char-
acteristic as part of the feedback net-
work. This compensates for the loss
of low-frequency acoustic output with-
out the harmful effect noted, since
the positive current feedback keeps
the speaker cone under control and,
thereby, significantly reduces the dis-
tortion which would otherwise result.
In some cases, the frequency below
which no acoustic output at all is ob-
tained is actually lowered.

The term, positive current feedback,
is disturbing to some because, as is
well known, positive feedback in-
creases the distortion of an amplifier
to which it is applied. This is true in
this application also, but it must be
noted that the net feedback applied
to the amplifier is never positive but
simply less negative in the region
where the positive current feedback
is effective. See Fig. 1. The slight
increase in distortion, which results
from the decrease in the amount of
negative feedback applied in the bass
region, is more than offset by the
decrease in speaker distortion in the
same region. In the high-frequency
region, where amplifier distortion is
more disturbing, no positive feedback
is applied and the amplifier character-
istics remain unchanged. The impor-
tant point to note is that positive
current feedback applied to the am-
plifier is effectively negative feedback
as far as the speaker cone is con-
cerned. This point is not obvious, so

the following experiment will be de-
scribed to suggest why this is actually
the case.

Arrange a speaker, battery, multi-
range ammeter, and a switch as shown
in Fig. 2. With the switch on the
“A” contacts so that the battery is
out of the circuit, push the speaker
cone in the minus direction and note
the direction of the current generated
by the movement of the voice coil
through the speaker field. Assume this
current flows in the direction of the
arrow I. Now connect the battery
through the “B” contacts so that the
current which it causes to flow is also
in the direction of the arrow, and note
the direction in which the speaker
cone moves. It is found that the
speaker cone moves in the plus direc-
tion, that is, in the opposite direction
from which it was moved in the first
case. The current which acts on the
speaker results in a plus motion of
the cone whereas a minus motion of
the cone produces the same direction
of current when the cone reacts on
the circuit. This means that when the
cone oscillates after a driving signal
has ceased, the current generated by
the erroneous motion can be fed back
through the amplifier to produce a
driving current which will be in the
same direction as the error current
and that this current will drive the
cone in the opposite direction. The
net effect will be that the cone moves
very little after the original driving
force ceases. It can thus be seen that
in order for the forces on the cone to ~
cancel out (negative feedback) the
error signal must be fed back without
a change of phase (positive feedback).

When these facts are realized, the
correct application of positive current
feedback to any speaker system then
becomes merely a matter of cut and
try until the right boost characteristic
is found. Since no electrical measure-
ments can indicate the total effect,
the final results must be reached by
listening tests. The correct results are
achieved when the speaker has a deep-
er bass than it has ever reproduced
before without any trace of boomi-
ness.

The block diagram of the current
feedback network used by the authors
is shown in Fig. 3A. The essential dif-
ference between this circuit and simi-
lar ones used on commercial amplifiers
is that no provision is made for neg-
ative current feedback, and an LC cir-
cuit is used in the frequency dis-
criminating section of the feedback
network instead of a single capacitor.

Fig. 1. Effect of positive current feedback
on the frequency response of amplifier.

OSCLLATIONS
OCCUR N TS
L AMPLIFIER RESPONSE
JLL
/}2\'1 POSITE CORRENT FeEo-
- 1T 1Ty Ul
SN K PLUS NEGATIVE FEEDBAG
w \ AMPLIFIER RESPONSE WiTH
3 EGATIVE FEEOBACK AND
Fi EXCESSIVE Pos-mt CUuR-
o nzm FEEDS
& \ . AMPLIIER RESPONSE
wiTe NEGATIVE FEEDBACK
Vs

FREQUENCY —»




It is mecessary to use an LC circuit
because the single capacitor gives too
much bass boost in a region where no
boost is needed when used with some
speaker systems (especially the Klip-
schorn and “Rebel” series). This re-
sults.in an unpleasant over-accentuated
bass sound and is probably the reason
some have rejected the use of current
feedback with high-quality speakers.

The 25-ohm potentiometer shunted
across the 1l-ohm resistor provides a
means of varying the feedback from
zero to full positive. Its use, except

r comparison purposes, is question-
able since usually full positive feed-
back is the most desirable condition.
It could be omitted with no harmful
effects in which case the 240-ohm re-
sistor is tied to the ungrounded end
of the 1-ohm resistor.

The amount of feedback and there-
fore the degree of bass boost may be
varied in several ways aside from the
use of the potentiometer. The princi-
pal way is by changing the value of
the 1l-ohm resistor. It will be noted
that a dividing network is formed be-
tween the speaker impedance and the
current feedback resistor, such that if
the speaker is high impedance (16
ohms) less feedback voltage will be
developed across the resistor than if
the speaker impedance is low (4
ohms). That is, for a given resistor
more bass boost would be obtained
when feeding a 4-ohm speaker than
when feeding a 16-ohm speaker. The
1-ohm resistor has been found satis-
factory when used with a speaker sys-
tem having a net impedance of 4 ohms
and, therefore, in some instances a
4-ohm resistor might be desirable for
a 16-ohm speaker system.

The amount of feedback and, there-
fore, the amount of boost can also be
changed by changing the “@Q” of the
circuit elements used in the feedback
network. The values called for usually
require electrolytic capacitors and if
these units are leaky or are used
singly instead of in series pairs back-
to-back, then less feedback will be ob-
tained than would be expected. If the
inductor used is variable, its “Q” will
vary as it is tuned and this will also
change the feedback. It should be
noted that since the resistance in se-
ries with the speaker absorbs power
it represents a loss in peak output,
therefore, it is desirable to keep it as
small as possible while still obtaining
the required feedback voltage. Since
high “@” elements in the feedback
network represent more voltage feed-
back than do low “Q” ones, they are
to be preferred unless they give a
boost characteristic that rises too
sharply. This is an unlikely occurrence.
It should be noted that the character-
istics of the network, when not con-
nected in the feedback loop, are not a
good indication of the over-all ampli-
fier response when the network is in
the loop since a “@” multiplication
effect is obtained and the amplifier
response is sharper than the network
response.

To determine the constants of the

LC network shown in Fig. 3A, procure
an audio oscillator or frequency test
record whose range is slightly lower
than the lowest range of interest and
listen to the performance of the
speaker system using a conventional
negative feedback amplifier. Note: (1)
the frequency at which the bass re-
sponse just begins to roll off and (2)
the frequency at which no more acous-
tic output is obtained irrespective of
how much power is used to drive the
speaker. An LC network having a
low-pass or bandpass filter configura-
tion is then designed so that the upper
turnover frequency occurs slightly
above the frequency at which the re-
sponse starts to roll off and the peak
response occurs slightly below the fre-
quency at which no output is normally
heard. (The hypothetical termination
resistance necessary for calculating
the filter sections can be assumed to
be about 600 ohms since it has been
found experimentally that this value
gives networks that are satisfactory.)
This network will serve as a starting
point and by varying the parameters
while listening to the system using an
audio oscillator or tone record the
best sounding arrangement can be de-
termined. For those not technically
able to perform such calculations, the
networks to be discussed will give
moderately good results on any speak-
er system and will serve as a starting
point for more experimentation. It is

not advisable to use music for the
first tests since low-frequency tones
occur rather infrequently and are of
rather short duration so it is difficult
to notice the effect of circuit changes.

The specific LC circuit configuration
used with a Klipschorn is shown in
Fig. 3B. This type of enclosure nor-

-mally falls off below 27 cps so the

feedback network is designed to be-
come effective in this region and to
provide 10 db of boost at 20 cps as
measured across a resistive load. The
response curve of the amplifier, when
this circuit is used, is shown in Fig.
4A. It must be remembered that this
curve was taken with a 16-ohm re-
sistive load substituted for the speaker
and does not necessarily represent the
actual boost curve obtained with the
speaker connected. In this case, suf-
ficient feedback is obtained from a
1-ohm resistor even though the speak-
er is 16 ohms. Listening tests with an
audio oscillator indicate that this am-
plifier-speaker system appears to be
acoustically flat to below 20 cps.

Fig. 3C shows the network found
best for use with the Klipsch ‘‘Rebel
4" enclosure. In the specific case con-
sidered here a G-E A1-400 speaker is
used in the “Rebel 4,” but the same
circuit is also used on a. “Rebel 4”
with a much cheaper speaker and
gives excellent results. The configu-
ration is different from that used
with the Klipschorn because more

boost is required and it was found .

that a network that gave a steadily
rising bass characteristic, such as
used with the Klipschorn, caused the
amplifier to motorboat when the feed-
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Fig. 2. Experimental setup that is used to
determine how positive feedback works.
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Fig. 4. (A) Amplifier response with net-
works shown in Fig. 3B and (B) Fig. 3C.

back was increased to the correct
point. This was because, when enough
positive feedback was provided in the
required region, all of the negative
feedback was cancelled out at some
lower frequency and the net amplifier
feedback became positive in this re-
gion and caused the oscillation (see
Fig. 1). This condition is avoided with
the configuration shown since it is ar-

ranged to peak at the lowest usable

frequency and then fall off below this
point so that the amplifier has almost
full negative feedback in the critical
motorboating frequency range. This
configuration also largely eliminates
thumps that occur when tuning
through FM stations. Curves obtain-
able with this configuration are shown
in Fig. 4B and it must be noted that
these curves also were taken with a
resistive load in place of the speaker.
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By H. ALAN SCHWAN

equipment is inevitably faced with

the problems of manual frequency
response adjustment. Since the base-
ment audio engineer rarely likes or
feels at home with other people’s tone
control designs, outlining a simple con-
trol design procedure may be of in-
terest.

It is generally agreed that a success-
ful tone control must affect only the
areas and quantities for which it is
intended; i.e., a treble control must
have no noticeable effect on the low
frequencies or on the apparent volume
level. Further, the use of inductances
in tone control circuits is pretty well
precluded by their expense and sus-
ceptibility to hum. Hence, RC filters
will be considered exclusively. Finally,
it is desirable to be able to design one
extreme of a given control independent
of the other extreme, that is, the
characteristic of the tone control at
one extreme setting should be deter-
mined by the circuit at that par-
ticular end and should not be affected
by the circuit at the other end.

With these considerations in mind
the author has developed a simple
design procedure for a generalized RC
tone control based on the fundamental
circuit of Fig. 2. This circuit was
chosen because it allows accurate, in-
dependent design of the two end posi-
tions while offering smooth continuous
control.

For frequency response correction in
audio amplifiers, four basic types of
tone control settings will satisfy vir-
tually all of the practical requirements.
These settings are: treble boost, treble
cut, bass boost, and bass cut. Two
independent controls and four filters
are required to allow practical com-
binations of these settings.

RC filters, whether boost or cut
types, must necessarily be attenuators.
A filter which gives an apparent boost
characteristic in its active area does
so by reducing the amount of attenua-
tion in that area. The maximum
amount of boost available is equal to
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Practical design information and examples of tone control
circuits for the audiophile who builds his own equipment.

the nominal insertion loss of the filter.
Thus, a treble boost filter must be
designed so as to reduce the insertion
loss of the filter at the higher fre-
quencies. However, if the filter is to
have no effect on the low frequencies,
it must not begin its reduction of
attenuation until some minimum fre-
quency is reached. Similar criteria
apply to the bass booust filter.

Treble Boost Filter: The basic
treble boost filter is shown in Fig. 1A.
As the source frequency is increased
from zero, no significant change in
output level is noticed until the react-
ance of the capacitor starts to de-
crease toward the value of B;. At such
a frequency the capacitor begins the
effective bypassing of R,, and the im-
pedance in series with the source and

the load (R.) starts to decrease. As
the input frequency increases further,
the output voltage rises toward the
input voltage until a frequency is
reached where the capacitor’s react-
ance is small compared with the re-
sistance of R.. At this point, the
capacitor is a virtual short circuit and
the output is effectively connected
directly to the input. Here, the
attenuation has dropped to a negligible
value and a treble boost has taken
place.

The designer of such a filter is in-
terested in the rate of boost, the
maximum amount of boost available,
and the point where significant boost-
ing starts. The rate of boost in an RC
filter is fixed by the fundamental
nature of RC circuits at some value

Fig. 1. Basic RC tone control filter networks with their appropriate equations.
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Table 1. Relation between nominal insertion
ratio, A,, and nominal insertion loss. Maxi-
mum boost desired is projected vertically to
line, then horizontally to the vertical scale,
This value of A, is used in the equations.

less than six decibels per octave. How-
ever, the complete tone control circuit
allows manual adjustment of the boost
rate. The maximum amount of boost
is equal to the nominal insertion loss
of the filter where the nominal inser-
tion loss is:

INPUT OUTPUT
ham— = "
FILTER 2

Fig. 2. Movement of pot wiper toward filter
2 causes the input-output relation to be
modified more by filter 2 and less by filter
1. This is the basic tone control scheme.

Fig. 3. Treble and bass controls. Bass turn-
over is 500 cps, treble turnover is 1000
cps., and nominal insertion loss is 20 db.
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R R.
decibel loss = 20 log — );——» =

2

In practice, the amount of boost is
chosen to suit the requirements of the
tone control. Twenty decibels is usu-
ally assumed for this value and is gen-
erally adequate. If twenty decibels is
assumed, then:

R+ R:
R:

At this point it is necessary to in-
vestigate the source impedance. If the
tone control is to be driven from the
plate of a voltage amplifier, the con-
trol circuit should have a mid-fre-
quency input impedance of around
500,000 ohms. This requires that
R, + R: be near one megohm since the
tube must drive two such filters in
parallel. If the control is to be driven
by a cathode follower, R, + R. should
probably be in excess of 50.000 ohms.
Assuming a plate loaded amplifier as
a source, 0.1 megohm might be a good
value to assume for R. as a start.
(Thus R, plus R. equals onc megohm.)

If we let A, he the nominal insertion
ratio of the filter and A be the ratio
of input to output voltage at some
frequency f, then the decibel boost at
that frequency is the nominal insertion
loss minus the attenuation at the fre-
quency f:

decibel boost = 20 log 4, —20 log A

A,
= 20 log _A

= 10, and R, = 9R..

where:
R, + R.
e

All =

A consideration of the treble boost
filter circuit shows that:

A —A
27fR. (A —1) (4, —1)

A determination of C can be made
from this equation if a value of boost
is assumed at some frequency. A con-
venient point to choose is the desired
turnover point, the frequency at which
significant boosting starts. The turn-
over point has a boost of three decibels
and, for the treble boost circuit, should
occur at around 1000 cps. Continuing
with the previous assumptions in illus-
tration, then:

c=—o

o 10 —7.07
~ 27x1000x100,000 (7.07 —1) (10—1)
= 85.4 uufd.

It is preferable to use standard com-
ponent values where possible, hence,
the value of C is to be regarded as an
approximation, and a more convenient
value would probably be 100 pufd.
However, if the value chosen for R.
is kept and the rather arbitrary value
of C is used, the turnover frequency
cannot be expected to come out to the
assumed value. Since the input im-
pedance is rarely critical, it is expedi-
ent to alter the value of R: to bring
the turnover frequency back to the

assumed value. The final value of R..
then, is found for the treble boost
filter by substituting the desired turn-
over frequency, the new value of C,
and the value of A at the turnover
frequency into the equation:

_ 4,—A
T 25fC (4 —1) (4, —D)

In the present example, R. equals
85000 ohms. R, is now found from
the initial consideration of maximum -
boost where R, = (4, —1) R.. In the
example, R, = 9R. = 765,000 ohms.

The purist will insist on using these
values for R, and R.. However, a slight
deviation in the interest of allowing
the use of standard values will usually
be satisfactory. (Changing R. from
the ideal 85000 ohms to the standard
82.000 ohms and R, from the ideal 765,-
000 ohms to the standard 750,000 ohms
will change the turnover frequency
from the assumed 1000 tycles to 1040
cycles. Such an alteration is almost
always admissible.) However, care
should be taken to change both re-
sistors by roughly the same percentage
in the same direction.

Treble Cut Filter: The circuit for
the basic treble cut filter is shown in
Fig. 1B. As the source frequency is
increased from zero, no change in out-
put is noticed until the reactance of C
approaches the value of R. At such a
frequency, effective bypassing of R:
begins and the output voltage starts
to drop.

The determination of the values to
be used in this filter follows essentially
the same procedure as was just out-
lined for the treble boost circuit.
Assuming that this filter is to be used
at the end of the tone control opposite
from the treble boost filter, it should
have a nominal insertion loss equal to
that of the boost circuit in order to
insure a constant volume level over
the entire range of the control. Values
of f and A are determined as before,
and an approximate value of R: decided
upon. In the case of the treble cut
filter, an approximate value of C is
determined from the equation:

o— A—A
T 27fR. (A, —1)

and a standard value of C is chosen
as close as possible to that determined
by the equation. Then the final value
of R. is calculated from the equation:

An—4
27fC (A, —1)

and a close standard value chosen. K,
is then found as before.

The Buss Filters: 1f a very high
frequency is applied to the input of
the circuit of Fig. 1C, capacitor C
will act as a short circuit and the out-
put will be attenuated by the nominal
insertion loss of the filter. As the
input frequency is reduced, the react-
ance of C will increase until it ap-
proaches the value of R. at which
time the output will begin to rise
significantly. As the signal frequency
is reduced toward zero, the capacitor




reactance will approach infinity so that
with d.c. applied across the input no
attenuation occurs. Thus a boost has
been effected across the output in the
region between d.c. and where X. ap-
proaches R. The operation of the bass
cut filter is similar.

The same procedure is followed in
designing the two bass filters except
that the equations used are:

o= 41
T 29fR. (A —A4A)

5= Al
T 2mfC (An—A)

and:
o 1

" 27fR. (An—A)

_— ‘__1_
27fC (A, —A)

for the boost and cut filters respec-
tively.

The Tone Control

The potentiometer used as a tone
control to link any pair of filters
should be large compared to the value
of R: for either filter, otherwise ade-
quate isolation of the two filters will
not be effected and interaction will
occur between them. If the pot is ten
times larger than either R. adequate
isolation should be accomplished. If it
is twenty times as large, the isolation
can be considered complete.

Care must be taken not to load the
output of the control or significant
changes in volume level will be experi-
enced as the tone control setting is
changed. An ideal situation in this
respect is to drive an amplifier grid
directly from the pot wiper, as indi-
cated in Fig. 3, using only the control
circuit for the d.c. grid return.

If two tone controls are to be in-
cluded in an amplifier, probably the
most reasonable choice would be a
treble and a bass control, although
this is not the only possibility. This
choice requires a treble cut filter at
one end of the treble control and a
treble boost filter at the other. It
further requires a bass cut filter at
one end of the bass control and a bass
boost filter at the other. In this kind
of an arrangement both filters con-
ncected to a given control should be
designed to have the same turnover
frequency.

Very nice single control units can be
built by employing a bass boost filter
at one. end of the control and a treble
boost filter at the other. The two-
control design is usually to be pre-
ferred, however. In any event, the
filters associated with any given con-
trol should have the same value of
nominal insertion loss.

Resumé of Design Procedure

In brief, the procedure for the de-
sign of the filters is as follows:

1. Decide which pair of filters is to
be coupled to a given control.

2. Determine the maximum desired
boost and calculate A, from the equa-

tion: decibel boost = 20 log A., or
determine 4. from Table 1.

3. Determine an approximate value
of mid-frequency impedance, Z. by
considering the load requirements of
the driver. (The tone control con-
stitutes the load.)

4. Compute an approximate value
of R. from the relation: R.= Z:/A..

5. Choose some point on the desired
frequency response characteristic of
the filter; i.e., determine a value of
boost or cut at some specific fre-
quency. (Usually the turnover point
will be chosen, but this is not neces-
sary.) From the value of boost or cut
thus known and from 4. found in step
2, find A4, either from the equation:

decibel boost = 20 log A./A
decibel cut = 20 log A/A.

or from Table 2.

6. Calculate a first value for C by
substituting the values for 4., 4, f, and
R. found in steps 2 through 5 into the
appropriate filter equation as listed in
Fig. 1.

7. Choose a standard capacitor value
near that calculated in step 6.

8. Insert the values of 4., 4, and f
found in steps 2 through 5 and the
value of C found in step 7 into the
appropriate equation for R. as listed
in Fig. 1.

9. Calculate R, from the equation:
R, = (4,.—1) R-.

10. It is usually acceptable to use
standard values for R, and R: if they
are close to those calculated in steps
8 and 9.

It is to be noted that if R, and R:
are expressed in ohms, then C will be
in farads. If R, and R. are given in
megohms, then C will be in micro-
farads.

Practical Filters

A practical example of each of the
four types of filters in a tone control
application is illustrated in Fig. 3. The
values shown result in the response
characteristics plotted in Fig. 4. These
response curves represent the extreme
limits of the tone controls.

The criteria used in designing the

1000
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Table 2. Relation of input-outout voltage
ratio, A, of any RC filter with insertion
ratio A, and the decibel boost or cut. Pro-
ject upward from the desired db value of
boost or cut to the line representing value
of A, from Table 1. Then project horizon-
tally to scale of A, and read the value of A.

filters illustrated were as follows:

1. Input impedance, roughly 500,000
ohms (individual filter input imped-
ance, Z;, roughly one megohm).

2. Bass crossover point at 500 cycles.

3. Treble crossover point at 1000
cycles.

4. 20 decibels maximum boost.

It is to be noted that the exact
values of R, and R., as calculated from
procedure described previously were
employed; i.e., standard values were
not substituted. It is suggested that
the values of the components shown
be computed by the designer to serve
as a check on the over-all design pro-
cedure.

The technique described herein has
given good results and should be very
useful to anyone interested in the
problems of tone control or fixed fre-
quency response correction. 30~

Fig. 4. Response characteristics of four filters shown in Fig. 3. This .repre-'
sents the response of the controls when set at their respective exireme positions.
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Reducing Hum and Noise
In Preamplifiers

By SIDNEY TOBY

Here is a simple procedure that the audiophile can follow

which will increase his enjoyment of fine-music listening.

F THERE is no audible hum or noise

from your loudspeaker at normal
listening levels, when you are sitting
in your favorite armchair, then you
are in luck. If not, it is worthwhile
spending a little time. to reduce such
hum and noise.

Providing the “B+" supply is ade-
quately filtered and the layout of com-
ponents is well designed, any residual
hum can usually be traced to the use
of a.c. on the preamplifier tube heat-
ers. The use of d.c. on the heaters
would remedy this but the rectifiers
and capacitors needed to make the
changeover are relatively expensive.
In any case, the voltage drop across
the rectifier precludes the use of the
ordinary filament winding of the pow-
er transformer and there may not be
another winding available.

There are various hum reducing de-
vices that can be used, such as placing
a potentiometer tapped to ground
across the heater circuit, the use of
positive bias on the heaters, and so on.
These methods do not usually lower
the hum level by more than a few
decibels and are not completely satis-
factory.

A much better arrangement is ob-
tained by heating the first stage or two
with the d.c. available from the cath-
odes of the power output tubes. This
may be done by simply putting the
heaters in series with the cathode re-
sistor as shown in the diagram, and
the only prerequisite is that the cur-
rent through the cathode resistor be
sufficient for the heaters.

If the cathode current is unknown,
and there is no jack installed from
which it can be measured directly, the
cathode current may be easily calcu-
lated by measuring the voltage across
the cathode resistor and dividing its
value while it is still hot.

To.cite an example, in the writer's
amplifier the cathode current from the
output tubes was 135 ma. The input
tube in the preamplifier was a 12AX7,
the heater of which is rated at 150 ma.
(series) or 300 ma. (parallel). The
heater circuit was therefore hooked up
as shown in the diagram. Since the
heater resistance of the 12AX7 is about
85 ohms when the tube is hot, the
value of R, was that of the original
cathode resistor minus 85 ohms. In
general, the value of the cathode re-

1959 EDITION

sistor will be greater than the resist-
ance of the input tube heater so that
several heaters may be placed in series
if desired. If the cathode current is
too large, it is a simple matter to shunt
(R.) the heaters to get rid of the ex-
cess. The current used should be about
10 per-cent less than the rated value
for the tube heater.

The use of d.c. on the heaters of the
low-level preamplifier stages will re-
sult in a hum decrease of 10 decibels
or better. In everyday terms, this can
make the difference between a hum
discernible from the other side of the
room and one detectable only within a
foot of the speaker, at normal listen-
ing levels.

The use of a heater current slightly
less than the rated value will help con-
siderably to reduce noise (tube hiss)
at the sacrifice of a negligible amount
of gain. Any remaining noise may be
further reduced by replacing the cath-
ode and plate resistors of the low-
level stages by low noise resistors of
the deposited carbon type.

Despite the seeming simplicity of
this suggestion, this method works ex-
tremely well. Audiophiles with a slight
technical flare and the courage to open
the backs of their equipment will find
that the time and trouble involved are
well worth it. While it may seem to
be a case of overdoing things a bit, the
critical listener whose record library
includes a generous sampling of cham-
ber music, solo instrument perform-
ances, leider, and other traditionally
“quiet” music will find that the re-
moval of excessive noise and hum from
their equipment will double their en-
joyment of their selections. In any
event, the suggestion has been made.
Rest assured that the author has tried
this circuit out and can vouch for its
effectiveness. —Bo-

Hum reducing circuit changes. See text.

INPUT TUuBE
OF PREAMPLIFIER

QUTPUT TUBES
OF AMPLIFIER
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o
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FEEDBACK

By PAUL W. KLIPSCH
Klipsch & Associates

MUCH has been written on the appli-
cation of feedback to compensate
for speaker impedance variation. The
height appears to have been reached in
clainring to have extended the range of
a speaker. (Refer to the article ‘““A New
Look at Positive Current Feedback™ by
Zink and Sanford in the November,
1957 issue of RADIO & TV NEwWS.)

Feedback in an amplifier, to obtain
lower amplifier distortion, or to main-
tain a low internal amplifier imped-
ance (nearly constant voltage with
varying load impedance) or some condi-
tion between that and constant current;
all these are good or useful, depending
on the application. But to make a
speaker go an octave lower by means of
the altered internal impedance of an
amplifier can be shown to be a fallacy.

In testing a speaker, a certain volt-
age is applied to its terminals. Since
at the given frequency the speaker ex-
hibits a certain impedance, a certain
current flows. There results a certain
sound output. Now at that frequency
it makes no difference whether the in-
ternal impedance of the amplifier is
high, low, or negative. It is the current
in the voice coil that produces the force
and its resultant motion. Assuming the
amplifier to be free from distortion, it
makes absolutely no difference whether
the amplifier has zero impedance, has
positive feedback, or even if its power
rating is high or low as long as the
power rating is adequate to produce the
stipulated volts and amperes. Hence if
a speaker is tested at its optimum in-
put volt-ampere conditions, we can not
improve the speaker response with an
amplifier of some peculiar internal im-
pedance characteristic.

Now, of course, the feedback may
cause an altered frequency response;
since the speaker impedance is a com-
plicated function of frequency one
could apply feedback of a type to raise
the amplifier impedance, say, making
it approach constant current instead of
constant voltage, with resultant peaking
of speaker output by compounding high
efficiency with high power absorption
at high impedance peaks. But as for
making a speaker deliver undistorted
acoustic power outside its operating
range, this is an operation bootstrap.
It’s nice to wish for it, but wishful
thinking doesn’t make it so. Some have
claimed to have obtained 20-cycle out-
put from a Klipschorn; sure it can be
done but at minute amounts of power;
try to equalize that output up to “use-
ful” levels and all one gets is distortion.
This can be said of any speaker.

What the feedback proponents are
accomplishing is simply an equalization
which becomes a function of speaker
impedance, for better or worse. Equal-
ization has long been thought of as a
means of extending speaker range, but
invariably it increases distortion.

Furthermore it would be useless if
a speaker did produce a fundamental
tone at 20 cycles. Experiments with a
stethoscope and pistonphone capable of
140 db pure sine wave pressures down
to 2 cycles per second were studied
aurally. Below about 35 cycles most
listeners heard pulses rather than sine
waves and no one tested so far heard
fundamentals below about 28 cycles.
This type of test is not extensive enough
to state these results as being general,
but they appear to be usual.
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In Defense of the

Split-Load P

hase Inverter

By DANIEL P. PETERS

A very simple modification of the split-load phase

inverter greatly improves

HE SPLIT-LOAD phase inverter has

been rather widely used in high-fidel-
ity power amplifiers as the driver stage
for push-pull amplifiers. Its popularity
is certainly well deserved because of
its simplicity and good balance over
most of the audio range. The opera-
tion of the circuit may be readily seen
from Fig. 1A below. An input signal is
applied to the grid in series with a bias
source (often obtained from the cath-
ode resistor). When the incoming sig-
nal swings in a positive direction, the
current flowing through the tube in-
creases. Since this current flows
through both cathode and plate resist-
ors, the voltage drops across both re-
sistors increase, hence, the output
voltage at the cathode goes more posi-
tive and this output is in-phase with
the input signal. Because of the cath-
ode-follower action here, the amplitude
of the output at this point is some-
what less than the input. At the plate
output terminal however, the output
voltage is 180 degrees out-of-phase
with the input. This is because the in-
creased voltage drop across the plate
resistor reduces the available plate
supply voltage, causing the actual volt-
age at the plate to go less positive (or
in a negative direction). By reducing
the value of the plate resistor to that
of the cathode resistor, the signal volt-
age output at the plate is reduced to
that value obtainable at the cathode.
As a result two equal-amplitude but
opposite-polarity voltages are available
to drive a push-pull stage.

Unfortunately, designers often avoid
using the split-load phase inverter due
to a rather widely held impression of
an inherently poor high-frequency bal-
ance. Referring to Fig. 1A, it may be

Fig. 1. (A) Basic split-
load phase inverter.
(B) Inverter with
shunt capacitance
shown. (C) Inverter
with variable balanc-
ing capacitor shown
in the cathode circuit.

=l (a)

the high-frequency balance.

seen that this prejudice grows from
the apparent differences in source im-
pedance seen by the plate and cathode
output loads. The cathode source im-
pedance, being that of an amplifier
with degenerative voltage feedback, is
low. At the plate terminal, an ampli-
fier with degenerative current feed-
back is seen, and the source impedance
here is high.

The shunting effects of inverter tube
capacitances, wiring capacitances, and
input capacitance of the following
stage are then supposed to reduce the
high-frequency gain more rapidly at
the plate, than at the cathode termi-
nal.

However, an analysis of the circuit
shows that as long as these shunt ca-
pacitances are equal, and shunt both
terminals simultaneously, as is usually
the case, the actual situation is rath-
er favorable.

If there is no grid current, the plate
and cathode currents must be identical.
By nothing more complicated than
Ohm's Law it therefore follows that
if the impedances in series with the
plate and cathode are equal, the voltage
drops across them will also be equal.

To verify this, the circuit shown in
Fig. 1B was bread-boarded to investi-
gate the performance with various val-
ues of C. in the two-decade frequency
range from 2000 cycles to 200 ke.

The two outputs were monitored
simultaneously on two identical meters
to remove the possibility of the meters
unbalanecing the circuit. Each meter
represented a resistance of 10 meg-
ohms in parallel with 50 #e¢fd. Re-
sistors R, and R: matched within
1.0% as did the capacitors used for C..
The meters. were pre-calibrated to

0 +300V.
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Fig. 2. Response of circuit in Fig. 1B with various amounts of shunt capacitance.

read the same, at a deflection of 0 db,
on the range used.

Having taken these precautions the
tests were performed and the results
summarized in the graphs of Fig. 2. As
shown, the balance between the two
outputs improved as the shunt capaci-
tance increased. This agrees with the
theory but disagrees with the popular
conception of the operation of this cir-
cuit.

In view of these facts, it is obvious
that any unbalance at the high fre-
quencies is due to a difference between
the plate and cathode effective capaci-
tances.

Having proved the foregoing, the
author next set out to improve the bal-
ance, for the unshunted case. Since
the unbalance was attributed to a
difference between shunt capacitances,
it seemed logical to connect a small
capacitor in shunt with the output
having the higher output voltage.

This was accomplished by connecting
a 100 wufd. trimmer capacitor between
cathode and ground as shown in Fig.
1C. With the oscillator set at 200 kilo-
cycles the capacitor was adjusted until
the outputs from plate and cathode
were equal. In this particular circuit,
balance occurred at a capacitor setting
of 50 uufd. Fig. 3 shows the results
of a frequency run on this circuit.
There was no difference between the

outputs, at any frequency in the range
tested.

A comparison of the results in Fig. 3
with the comparable unshunted case of
Fig. 2 shows that the additional cath-
ode shunting capacitor has actually
improved the frequency response of
the plate circuit by a factor of 2.7 db
at 200 kilocycles. This is achieved
with a drop of only 0.5 db in the cath-
ode output at 200 kilocycles. For a
change, we get something for almost
nothing. The increase in plate circuit
output is to be expected, since the ca-
pacitor is acting as a partial cathode
bypass, thereby increasing the plate
circuit gain.

The split-load phase inverter has al-
ways been an excellent circuit since
the mid-frequency balance depends up-
on only two resistors and is not af-
fected by tube parameters as are other
inverters. It only requires one triode
and has an over-all gain of slightly less
than two. Unfortunately it has often
been shunned because of a reputed
high-frequency unbalance and many
complicated circuits have been devised
to replace it. Now, simply by the addi-
tion of a capacitor we achieve a cir-
cuit whose balance is as good, if not
better, than the most complicated of
its replacements. The addition of such
a component is certainly worth at least
a trial.

Improving The
Cross-Coupled
Inverter

By NICHOLAS PRYOR

N THESE days of extreme amplifier

bandwidth, a phase inverter with good
balance and low reactive phase shift over
a wide frequency range becomes a nec-
essary part of any amplifier design. The
circuit that most nearly meets these re-
quirements is the cross-coupled inverter
developed in 1948.

There are, however, some incorrect
notions about the balancing in the cross-
coupled inverter. First, with a single-
ended input, the balancing control be-
tween the cathodes of the first stage does
not balance the dynamic characteristics
of the amplifier. It merely balances the
tube bias and equalizes the sensitivity
of the two inputs. Since neither of these
is very critical in the improved model of
the inverter, this control can be omitted
as it was in the original Van Scoyoc cir-
cuit. Provision for dynamic balance is
included elsewhere in the new circuit.

Also, the term ‘“‘inherent balance” is
somewhat misleading. Referring again
to Fig. 1, it will be noted that both
halves of the signal are equal only at
the input of the second stage. This
leaves variations in tubes and load re-
sistors of the second stage to upset the
balance. Another problem in the design
is the high (30,000-chm) output im-
pedance which limits the high-frequency
response and eauses clipping as grid
bias reaches zero in the power output
stage.

Both of these problems can be solved
simply by the addition of another cath-
ode follower to the circuit. Because of
the low d.c. voltage at the ocutput of the
cathode follower, it can be direct-coupled
to the power stage without many of the
problems of bias and static balance that
usually accompany direct coupling. Di-
rect coupling here eliminates a low-
frequency phase shift point thus main-
taining the stability of the amplifier.
The low output impedance reduces high-
frequency shift and allows some power
to be delivered to the power stage. It
can also be shown by the design equa-
tions for cathode followers that the gain
of the stage can be varied by variations
in the cathode resistance.
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Fig. 3. Frequency [~} "ﬁ
response of the cir- g N G>
cuit shown in Fig. g X 3 Ep N
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db or less, of phono recording char-

acteristics has long been a requi-
site of high-fidelity systems. The typ-
ical proud owner of a home music
system would be outraged if he found
that his preamplifier departs four or
five db from the RIAA playback curve
when he switches to this position. Yet
many an audiophile encounters errors
this serious in the playback of com-
mercially recorded tapes, which are
daily increasing in quantity and qual-
ity.

The reference here and in the rest
of the discussion is to tapes operating
at 7.5 ips, the speed in most common
use because it is the slowest one (long-
est playing time) that permits a fre-
quency response consistent with high-
fidelity standards. The majority of the
7.5 ips recorded tapes call for NARTB
playback equalization or Ampex’s
slightly modified curve, which differs
at the very low end. Ampex’s play-
back curve has about 1.5 db less bass
boost at 50 cycles and about 2.0 db
less boost at 30 cycles, a difference
which is minor enough to be ignored
here.

While most professional tape record-
ers of recent manufacture employ
playback equalization reasonably close
to the NARTB characteristic, at pres-
ent the majority of moderate price
ones do not. In some cases this cannot
be helped because, for reasons of econ-
omy, the same equalizer network is
used in both the record and playback
modes, so that conformity with
NARTB playback is out of the ques-
tion. Other moderate price recorders,
however, in keeping with the desirable
practice of supplying treble boost prin-
cipally in record and bass boost during
playback, utilize different equalizer
networks in each mode of operation.
Nevertheless, although the opportuni-
ty is ready at hand, many in the latter

ACCURATE equalization, within 2

By HERMAN BURSTEIN

rane)

mplifiers

Equalization standards a
recommendations are made

group of recorders still fail to utilize
NARTB playback equalization.
Where a tape amplifier does not em-
ploy the NARTB playback character-
istic, the deviation is always in the di-
rection of supplying less boost than
called for by NARTB. The reason, in
part, is that a smaller quantity of bass
boost reduces the problem of hum
pickup, a dominating factor in the
signal-to-noise ratio of a tape record-
er. Moreover, the nature of tape re-
corder equalization is such that the
less the bass boost, the less is the re-
quired treble boost in record. Reduced
amounts of equalization necessitate
less gain, making for a more economi-
cal tape amplifier. The relationship
between bass boost and record treble
boost derives from the fact that the
playback head—apart from certain
high-frequency losses that will be dis-
cussed—has an output which rises 6

re discussed and specific
for shaping playback curve.

db per octave with increasing frequen-
cy. When a small amount of bass
boost is cmployed, that is, when bass
boost starts at a relatively low turn-
over frequency, then in playback the
rising output of the head, in effect,
supplies treble boost above this turn-
over frequency. Therefore less treble
boost is needed during “record.”

The following discussion will first
describe NARTB playback equaliza-
tion. It will then examine a typical
case where a tape amplifier of good
quality, using a separate equalizer for
playback, departs from the NARTB
curve, so that it may be seen how se-
rious are the resulting errors when a
commercially recorded tape is played.
The third part will discuss a popular
bass boost circuit which lends itself
to exact shaping of the playback char-
acteristic. Lastly, means of compen-
sating playback head losses will be

Fig.. 1. Standard NARTB and Ampex tape playback equalizations.
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Fig. 2. Response of playback head at 7.5 ips to flat signals.

described inasmuch as these losses are
a part of the total playback charac-
teristic.

Promulgated in 1953 as the official
standard for 15 ips tape recording, the
NARTB playback curve has become
an unofficial standard for 7.5 ips as
well. This development may be
ascribed to Ampex’s adoption of the
NARTB curve (in essence) for 7.5 ips
and to the widespread use of Ampex
equipment in the tape recording in-
dustry.

Fig. 1 shows the NARTB playback
characteristic as well as Ampex’s
slightly modified version of it. Record
equalization must be such as to result
in more or less flat response, with one
important exception: To the extent
that there are playback treble losses
serious enough to require compensa-
tion, these losses must be equalized in
playback. Fig. 1 does not include treble
boost for compensating playback losses
inasmuch as these vary from recorder
to recorder. Playback treble losses are
chiefly due to gap width of the play-
back head. The wider the gap, the
greater the losses.

Losses at 7.5 ips due to gap width
are indicated in Fig. 2 for three com-
mercially available heads. Inasmuch

as tape heads have a 6 db per octave
rising characteristic with frequency,
gap loss equals the vertical distance
between the 6 db per octave line and
the head response to a flat recorded
signal, as represented in Fig. 2. In the
case of a very narrow gap, the loss
may be small enough within the audio
range so that no treble boost is con-
sidered necessary.

Returning to Fig. 1, it can be seen
that the NARTB curve entails a rela-
tively tremendous amount of bass
boost, 36 db all told. There are two
turnover frequencies. The principal
one occurs at 3180 cycles, where gain
is 3 db below minimum. The lower
turnover frequency is at 50 cycles,
where response is 3 db below maxi-
mum.

Non-NARTB Characteristic

Curve 1 in Fig. 3 shows the play-
back curve of a high-quality tape am-
plifier, one that was described in the
December, 1956 issue of this maga-
zine.! The curve is based on the values
given in the schematic of the article,
and has a lower turnover frequency
of about 50 cycles and an upper one
of about 700 cycles. As described in
the article, the amplifier is used with

Fig, 3. NARTB curve and curve used in high quality amplifier.
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a .0005” head, resulting in a fall-off in
Playback response approximately as
shown by Curve 2. Total playback re-
sponse is therefore the sum of Curves
1 and 2. Comparing total response
with the NARTB characteristic, it
may readily be seen that equalization
is deficient in bass and excessive in
treble by 4 db or more over substan-
tial portions of the audio spectrum.

Fig. 1 is not intended to be critical
of a particular amplifier. Rather, it
shows a typical situation. To remedy
this situation, it is necessary to alter
the values employed in the bass boost
circuit and to provide for treble boost
that will compensate the treble losses
due to the head.

Shaping the Bass Boost

Fig. 4 shows, with a slight modifica-
tion introduced for the sake of sim-
plicity,” the playback boost circuit em-
ployed in the amplifier previously
referred to. It is one of several varia-
tions of a popular and relatively sim-
ple circuit, which permits bass boost
to be easily shaped with the desired
degree of precision.

To understand how the circuit of
Fig. 4 achieves bass boost and how
this boost may be shaped, it is first
necessary to reduce it to an equiva-
lent circuit, as shown in Fig. 5. Fig.
SA shows that the input tube’s plate
resistance (r,), load resistor (R.), and
following grid resistor (R,) are effec-
tively in parallel with each other and
in series with equalization capacitor C
and equalization resistor R to ground.
C: of Fig. 4 has small enough react-
ance to be ignored. Fig. 5B simplifies
the equivalent circuit, with R, being
equal to 7y, Ry, and R, in parallel.

At very high frequencies, where C
has relatively little reactance, R, and
R form a voltage divider. The gain re-
maining after voltage division consti-
tutes what may be referred to as a
shelf (see Fig. 1). As frequency de-
clines, the reactance of C increases
and the output leg of the voltage di-
vider increases in relation to Ri so
that output increases. At the frequen-
cy where the reactance of C equals R,
response is 3 db above the shelf. This
is the upper turnover frequency, f.. In
the case of the NARTB curve, f, oc-
curs at 3180 cycles (see Fig. 1). With
further decline in frequency, the re-
actance of C and output continue to
grow. However, when the reactance of
C approaches R: in magnitude, the in-
crease in output nears an end. At that
frequency, f,, where the reactances of
R, and C are equal, output is 3 db be-
low maximum. For the NARTB curve,
f1 is 50 cycles.

Given the input tube’s plate resist-
ance, load resistor, and following grid

1. Johnson, Maurice; ‘A Professional Tape Re-
cording Amplifier for Home Hi-Fi Systems."

% In the original circuit, capacitor C was con-
nected after coupling capacitor C, rather than
directly to the plate of the input tube. Inas-
much as the two capacitors were in series as
far as equalizer action was concerned, the
value of C; had to be taken into account in
calculating the appropriate value for C. With
C connected directly to the plate. the value of
C1 may be ignored, simplifying matters.



resistor, the value of R: can easily be
calculated, being the parallel value of
these quantities. For the circuit of
Fig. 4, R; is about 150,000 ohms. C is
approximately determined by formula
C=1/27fiR,. If f, is to be 50 cycles
according to the NARTB standard,
then C is approximately .02 xfd. R is de-
termined by the formula R = 1/2%f.C.
If f. is to be 3180 cycles per NARTB,
R is about 2500 ohms. A variable re-
sistor is often used for R so that the
upper turnover frequency, which is of
principal importance, may be obtained
with the desired precision.

In some instances a triode input
tube is used in place of a pentode. Tri-
odes have much smaller plate resist-
ance than pentodes, so that the result-
ing value of R: per the equivalent
circuit of Fig. 5B is a good deal less.
This will result in a larger value for
C and a smaller one for R.

As previously stated, Fig. 4 is but
one of several variations of a basic
circuit. It has been shown that the
plate resistance of the input tube plays
a part in determining the lower turn-
over frequency. But plate resistance
may vary from tube to tube of the
same type, or it may change as the
tube ages, thus altering the lower
turnover frequency. This problem is
more severe with a triode than a
Pentode because the triode, having a
low value of plate resistance, is the
principal factor in determining R;. To
minimize the effect of the triode’s plate
resistance upon R, the circuit of Fig.
6 is sometimes used, R. (typically 100,-
000 ohms) being added. As shown ir
the equivalent circuit, R. is effective-
ly in series with the parallel combina-
tion of 7, and R.; R, is in parallel with
all the rest. Thus changes in 7, have
relatively little effect.

The circuit of Fig. 6 has both a
corollary advantage and disadvantage.
The advantage is that playback treble
boost may be obtained easily by by-
passing R. with a suitable capacitor,
thus helping to compensate for head
and other playback treble losses. The
disadvantage is that the addition of
R. may result in high-frequency losses.
One of the difficulties in using triodes
for high-fidelity purposes is their rela-
tively high input capacitance due to
Miller effect. Input capacitance is a
function of tube gain. In the circuit
of Fig. 4, there is very little gain at
high frequencies because of the load-
ing effect of R and C; that is, C is a
virtual short circuit and R is only a
few thousand ohms. In the circuit of
Fig. 6, however, interposition of re-
sistor R. prevents the equalizer com-
ponents from loading down the tube
at high frequencies. Therefore gain re-
main high and so does input capaci-
tance.

Also frequently used for bass boost
is the feedback network shown in Fig.
7. This has the virtue of minimizing
distortion at frequencies where feed-
back is appreciable (treble range). On
the other hand, it is more difficult to
obtain precise equalization with a
feedback circuit because gain does not
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vary inversely with feedback but var-
ies inversely with the quantity 1 + AB,
where 4 is gain without feedback and
B is percentage of output voltage fed
back. To have a linear relationship be-
tween gain and feedback, it is neces-
sary to start with a great deal of gain
so that the factor AB is considerably
greater (at least four times) than 1
throughout the range where equaliza-
tion takes place. On the other hand, if
there is too much feedback (too high
a value of B) in order that AB should
be at least 4, there is danger of over-
loading the output tube, with conse-
quent distortion.

The circuit of Fig. 7 operates as
follows: At very low frequencies (be-
low 50 cycles), the shunt reactance of
C is so great that feedback is limited
to a very small value by R, which is
620,000 ohms. As frequency increases,
the reactance of C decreases, bypass-
ing R, increasing feedback, and de-
creasing gain. At 50 cycles, C's react-
ance equals R,; at this point feedback
has increased 3 db and gain has
dropped 3 db. With further increase
in frequency, the reactance of C con-
tinues to drop, so that feedback rises
and gain declines. When the reactance
of C starts to become as small as R,
plus R., then feedback is essentially
limited by these resistors; hence feed-
back approaches a halt and gain no
longer drops as fast. C’s reactance
equals R: plus R, at 3180 cycles, where
gain is 3 db above minimum. In order
to precisely control the upper turn-
over frequency, R: should be variable.

Compensating Treble Losses

While gap width is the principal rea-
son for playback head losses, hystere-
sis and eddy current losses in the head
also produce a drop in treble response,
although in a well-designed head the
latter losses are minor, perhaps only
one or two db at 15,000 cycles. Fur-
thermore, there may be some treble
losses due to capacitance of the cable
between the playback head and the
input tube and due to input capac-
itance of this tube. All these losses, to
the extent that they exist, should be
compensated in the playback ampli-
fier so that response is reasonably flat
to at least 10,000 cycles and possibly
to 15,000 cycles. On the other hand, it
is not necessary to maintain flat re-
sponse to 15,000 cycles to completely
satisfy the NARTB standard inasmuch
as this standard permits response to
be 4 db down at 15,000 cycles (and
about 2 db down at 10,000 cycles).

Generally speaking, where the tape
amplifier is well-designed and good
heads are used, one can assume that
playback treble losses due to cable ca-
pacitance, input tube capacitance, hys-
teresis, and eddy currents are minor.
Therefore the principal task is to com-
pensate gap width losses. "The amount
of compensation required for gaps of
.0005", .00025", and .00015" is indicated
in Fig. 2. In the case of a .0005" gap,
the loss is 11 db at 10,000 cycles and
19 db at 12,000 cycles. The severity of
the decline in response beyond 10,000

cycles makes it impractical to strive
for flat playback response beyond this
frequency when using a .005” gap. It
must be recognized that to the extent
treble boost is used to elevate the au-
dio signal, various forms of high-
frequency noise are also accentuated.

Playback response flat or nearly flat
to 15,000 cycles is quite feasible with
a .00025" gap. At 15,000 cycles, re-
sponse is down only 5 db, easy enough
to compensate. In fact, Ampex record-
ers, which use heads with a .00025"
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gap, do not even bother to use play-
back treble compensation in view of
the trifling amount of boost needed to
bring the recorders up to NARTB fre-
quency specification. Instead, at 7.5
ips these machines depart slightly
from NARTB principles by supplying
something like one or two db extra
treble<ns1:XMLFault xmlns:ns1="http://cxf.apache.org/bindings/xformat"><ns1:faultstring xmlns:ns1="http://cxf.apache.org/bindings/xformat">java.lang.OutOfMemoryError: Java heap space</ns1:faultstring></ns1:XMLFault>