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Only Yamaha Cinema D3P creates phantom speakers
//I to fully replicate a multi-<peaker movie theater. So
/ you'l' hear sounds everywhere in
the rom. Even in places where
there aren’t speakers. We also offer multi-room,
multi-source capabilities jor increased flexibility.
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One minute, you're eating popcorn at home. The next, you're being transported to the wilds of Africa. The swamps
of Montana seventy million years ago. Or even the moon. With Yamaha Cinema DSP, anything’s possible. o That’s
because only Cinema DSP can create the ultimate cinematic experience, right in your living room. We accomplish this
through a unique method of multiplying the effects of Digital Sound Field Processing and Dolby Pro Logic® o Digital
Sound Field Processing is Yamaha's exclusive technology that reproduces some of the finest performance spaces in the
world. o Yamaha audio scientists measured the actual acoustic properties of these performance venues. Then trans-
ferred that information to microchips that go into our A/V receivers. So you can access it in your home at the touch of a
button. o And our digitally processed Dolby Pro Logic allows us to place dialogue and sound effects around the room,
matching the action on the screen. © These two technologies enable us to accurately replicate the full ambiance of a
multi-speaker movie theater, in an ordinary listening room. o All of which means we’re able to offer a growing line of
home theater components with Cinema DSP that outperform other comparatively priced products on the market.

© 1995 Yamaha Electronics Corporation, USA. Cinema DSP is a trademark of Yamaha Electronics Corporation, Dolby Pro Logic is a registered trademark of Dolby Laboratories Licensing Corporation.




Nzw RX-V2090

The RX-V2090. Easy-to-use features plus state-of-the-art technology. Like learning remote
control, on-screen display, 7-channel amplification, DSP, Cinema DSP and AC-3 compatibility.

\
.~ New RX-V890

And that brings us to the RX-V2090 Home Theater A/V Receiver. One of this year's most New RX-V390
exciting new components. As you'd imagine, it comes with everything we’ve already men-

tioned. e But, it also offers advanced features you might not expect in a single unit. Like

multi-room, multi-source capabilities with two remotes for independent control of main

system A/V sources from another listening room. e The RX-V2090 has 7-channel amplification with 100w mains and
center, and 35w front and rear effects. Pre-outs on all channels. 5 audio and 4 audio/video inputs with S-Video
terminals. Yamaha linear damping circuitry. Plus discrete 5.1 channel line inputs for AC-3. And 10 DSP programs
including 70mm movie theater. e Of course, not everyone has the need for a component this comprehensive. That’s
why we offer a full line of six new A/V receivers. Sc you can choose the one that’s best for you. e Which means

now all you have to worry about is cleaning up after those elephants before your next trip. YAM AH A@
e For the dealer nearest you, please call 1-800-4YAMAHA.

Yamaha Electronics Cornoration, USA. PO.Box 6660, Buena Park, CA 90622




simply related. a TV and a VCR born together.
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T'S EXACTLY THE

QUALITY OF SOUND

YOU’'D EXPECT FROM A *

#% HIGH-END CD PLAYER.

That (4,
A CD PLAYER COSTING

TWICE ITS PRICE.

The new Rotel
RCD970BX is a
premium quality CD
player that delivers per-
formance and technology
normally found only on far
more exotic and expensive designs.
A new 18-bit ladder-type D/A con-
verter with continuous calibration
results in nearly 20-bit resolution. A

toroidal transformer and superb quality filter
capacitors contribute smooth, uninterrupted
power. A CDM9 swing arm ensures instant access,
precise tracking and gentle handling of your most
cherished recordings. And a new PC board, close tolerance
components, and gold-plated, RCA-type coaxial digital
output all add to this remarkable music machine’s stunning

performance. You get all of this and more in an attractive, low-
profile, high performance CD player with scan, random, 20-track
programming, repeat and time information, plus an infrared remote.
We invite you to visit your Rotel dealer
and audition the RCD970BX. If you're
impressed with the sound, wait until you
hear the price.

ROTEL  orosooamacT ecmans Rooaonx

o i c'c]

PERFORMANCE BEYOND YOUR WILDEST EXPECTATIONS.

Rotel of America, 54 Concord Street, North Reading, MA 01864 tel 1-800-370-3741 fax 508-664-4109
CIRCLE NO. 31 ON READER SERVICE CARD
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No matter where you are, you're there.

Musical truth.

At once fam liar. Yet resonart with expanded meaning.
You simk deepar and deeper mto a private experiencz
You've travelled these chords sefore, but suddenly
vou're heariag them for the very first time. The
speakers fadz :nto the distance as the
soundstage grows.

See your Enzrgy dealer todav. And
auditien the new Connoisseat series.
Surrer.der to pure, unadulterated sound.
Your commard performance.
Lost in spac2.
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Adcom’s GFA-55511 is no longer made.



* 85500

Adcom’s new GFA-5500 continues the legend.

The Adcom GFA-555I1 power amplifier has
been legendary among audiophiles and serious
music listeners. It set the standard for high end
sound at reasonable cost, consistently being
compared to amplifiers costing two and three
times as much. Now, after years of evolution-
ary development, its successor is available.

The new GFA-5500 .provides 200 watts-
per-channel continuous at any frequency from
20 Hz to 20 kHz at 8 ohms. It continues the
Adcom tradition of delivering high current into
low impedance loads that results in extraordi-
narily pure, clean, musical sound reproduction.
But the big news is its use of the newest hybrid
MOSFET transistors, HEXFETS. These all-
new devices permit a more efficient circuit
board design that leads to shorter power paths

for improved sound. And the really good news
is that while providing all the punch and
muscle of MOSFETS, they have a remarkable
ability to sound as sweet as tubes.

So while audiophiles the world over may be
sad to see the end of the legendary GFA-555I1,
music lovers everywhere can look forward
to hearing the sweet power of the GFA-5500.
Visit your Adcom dealer and listen. You will
hear the details that make a difference.

ADCOM

details you can hear

11 Elkins Road, East Brunswick. NJ 08816 U.S.A. (908) 390-1130.
Distributed in Canada by PRO ACOUSTICS INC. Montréal,
Québec (514) 344-1226
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Mesa Engineering Amp
With its output tubes
operating in Class A, the all-tube
Mesa Baron Reference can be
switched to all-pentode or
all-triode operation and to two
steps in between. Power ranges
from 150 watts per channel in
all-pentode mode to 65 watts
per channel in pure triode
operation. The large illuminated
meters, which are switchable to
read from 0 to 15 watts or 0 to
150 watts, can also be used
to check and help adjust bias
and d.c. balance. Price: $3,395.
For literature, circle No. 100

Dynaco CD Player ]

Though not the first CD
player to use a vacuum-tube
analog section, Dynaco’s
CDV-1 may be the first to
put its tubes on display. The
tube input and driver stages
operate in Class A, and a
volume control allows the
CDV-1 to drive a power
amplifier directly. On the
digital side, it uses a Philips
transport and one-bit
D/A converters. Price: $699.
For literature, circle No. 101

Delntosh ultizone Controller

he MclIntosh CR12 lets

you select separate A/V
or audio-only program sources
for any of four zones in your
home. Volume level, bass and
treble, and automatic muting
(when a telephone is used)
can be independently
controlled for each zone;
individual AM/FM tuners can
also be used for dedicated
broadcasts to each zone.
Programming capability

rintye);

allows, for example, separate
sources and volume levels for
morning wakeups in each
zone. The unit can be
controlled by a handheld
remote beamed at remote
infrared sensors or
through wall-mounted
keypads. Up to six CR12s
can be cascaded, for
control of up to 24 zones.
Price: $3,300.

For literature, circle No. 102

Wright Preamp

Five line inputs and an MM
phono input, as well as a tape
output, are accommodated by
the all~tube Wright PL-1
Series 2 preamp. Mil-spec
resistors and metallized
polypropylene coupling
capacitors are point-to-point
wired, eliminating the need for
p.c. boards. Frequency
response is rated +1 dB from
10 Hz to 60 kHz. Price: $850.
For literature, call 503/343-1413

The chassis of J. A. Michell’s
belt-driven Orbe turntable is
not only suspended but
dynamically balanced, to ensure
symmetrical motion. The motor
power supply is oscillator-

controlled for accuracy at all
three speeds (33, 45, and l
78 rpm) and mounted externally |
to reduce hum and vibration |
pickup. No arm is supplied, but |
the mounting plate accepts most |

|

tonearms. Price: $4,200.
For literature, circle No. 103

AUDIO/NOVEMBER 1995

10



PARADIGM BIPOLARS CAN
BE EXPERIENCED AT THESE |
FINE DEALERS: .
A I L 3
IN L / « MOBILE o
Y + AR E [
. F 57 . AZ [
I ALE CA: .
RN: WO ! .
M [ Q
5 EREO -+ L 9
M RK ) FE N - o
; sy ME :
10" PAF R e selng @
Y« S CIS( &
vy - Raar WSSION :
ic s g :
HOME F o]
xror :
oun DHLLS o
s .
( Juncr : Product of
NGTON: A oA UN S
ONE - DE ON Wi FIHOUSE \FLi o the Year Awards
o in the past year
SO :
[ M .' N :
S Hi .
1A Q
S 5 ® i 3
‘ : Critic’s Choice
S noe
Jolo| Gricaco 7 S Awards in the
. L3
ST U e 3 past year
: FIA. _\. K: § :
Suns . &
ON' L ;‘ Q
WABASH: WORLL ‘ Mg
E D + LA: BATC OLLEY'S - o
L TTE ”?'"v. E NT + NEW . Awards
C SON INC L .
E: * CA AU . .
;  TRPor v since 1990
M ME o
A | R H E NGLAN Fl « ™I *
SETRON PECAR'S FLINT. STE e o
( - 5 Y
¢ > .
\Z0O R‘ E : 0 .
e : Paradigm is the
BAEAS e coen swcone & Number one choice §
: TN ASevie & *. ¢ for critical listeners!
C A SA U 9
ND: ; .
MANKATO TE CTRO + NE: G 5
I AN| LAL .
* T « NH: N; A ]
E E EW ENGLANI 1 .
NJ: :
i v
e AnT g ((S "’
F O+ N '
o : “Superb!
POMP *l; :
o o o AL AR .
( )+ LAS ES 2 '
NV VEST + ANY: AL .
AMACK + HAME .
SOUTHTOWN A OH TY OLUMS « LAKI .
T. K .
K AN ER N .
e o “Stunning!”
o : o L g‘
E R K Rep Esprit
ok: " °
e MID A .
R E P LAND .
¢ A e
o Pa Y
¢ G- L d . (‘A "z
- AR e ISE + JENKI ; . wesomeo
REC {N: CONNE: °
. Ao R G ol 4‘ : " 1 - {10 RP
EO - PITTSI GALLE L .
’ .
TEHALL P, AUDIO + R VIDENCE .
/ .+ SC: A SOUND :
- GREE E AN AUDIO » 3 . ) R
1w e - T PLEASANT o aradigm’s spectacular bipolar speakers are an
A - knC : v “" engineering and son ¢ marvel! With years of
s Y o o . . R = w
) V’E: o108 OE B A design expertise and our highly advanced R&D -acility,
WAVES T A Ly / L . . . .
LAS: HILLOREST K ISTON ALLSTAR Paradigm engineers and acousticians set out to build
'3 Aol e the world's finest bipolar speakers, regardless of cost!
o e
K VT Wit  CREATIVE 5
C .
K ck e . =
5 P it g e——t. W - For more information on PARADIGA BIPOLARS as uzll as other fine Paradigm speakers
SRS + \ ON S ° F’ l visit your nearest AUTHORIZED PARADIGM DEALER or write.
x o : = . 2 AUDIOSTREAM, MPO Box 2410, Niagars Falls, NY 14302 (905) 632-0180
+ WASHBURN: AUDIO W e ’ In Canada: PARADIGH, 101 Hanlan Rd., Woodbridge, ON 141, 3P5 (905) 850-2889
s ND INVEST WY .
R s Envs e ENGINEERED FOR BETTER SOUND

CIRCLE NO. 25 ON READER SERVICE CARD



~ AuDIO [SEINIS

JOSEPH GIOVANELL]

Tri- and Bi-Wiring Redux

I read in a recent equipment review
Q about a pair of loudspeakers that were
capable of being tri-wired. How are such
loudspeakers arranged so that they can be bi-

or tri-wired? How are they wired to a power

amplifier? What advantage does this type of
wiring have over a single cable running to a
loudspeaker, which is what I have always
done?—Spencer Albion, Oshawa, Ont.,
Canada

I have written about bi-wiring in the

past, but apparently the subject is still
mysterious to many who read this column.
I'll try to be really detailed, in the hope that
you can gain a better understanding of
what is involved.

A loudspeaker system often consists of
two sections, or drivers: A woofer and a
tweeter. Such a speaker is referred to as a
two-way system. Other speaker systems
may consist of a woofer, a midrange, and a
tweeter—a three-way system. Bi-wiring is a
way of feeding each driver of a two-way sys-
tem independently from the same amplifi-
er; tri-wiring does likewise for three-way
systems. (Three-way systems can also be
bi-wired, using one cable for the woofer
alone and the other for the midrange and
tweeter.)

For two- or three-way systems to operate
properly, the audio spectrum must be di-
vided into “slices.” In the case of a two-way
system, the spectrum is divided, using a
crossover network, so that the low and mid
frequencies are fed to the woofer and the
higher frequencies are fed to the tweeter. In
the case of a three-way system, the lower
frequencies are sent to the woofer, the fre-
quencies in the middle of the spectrum are
fed to the midrange driver, and the higher
frequencies are fed into the tweeter. Most
loudspeakers, particularly in the low and
medium price brackets, provide only a sin-
gle pair of input connections, which feed
the entire crossover network.

To make bi-wiring and tri-wiring possi-
ble, the network must be designed so that
each driver can be fed independently via its
own terminals. A loudspeaker system that is

designed in this way can be connected to
the amplifier via a single wire pair, and the
speaker terminals jumpered, so that the
drivers are connected in parallel. But for bi-
wiring or tri-wiring, these jumpers are re-
moved, and separate cables are run between
the power amplifier and each pair of speak-
er terminals. Notice that although we are
using the same power amplifier to feed each
driver in our system, we are using different
cables to feed each one. (There also are sys-
tems that employ a separate amplifier to
power each driver. This is called biamping
or triamping.)

Why go to the bother of bi-wiring? The
best reason is that, because of the lowered
d.c. resistance of multiple cables, there is
less tendency for ringing at the speaker’s
crossover points. Suffice it to say here that
ringing produces a smearing of the music.
Another reason often cited is better control
by the amplifier over each driver, with less
mutual influence between crossovers and
between drivers. Any sonic improvements
obtained through this wiring approach are
going to be subtle, and I can’t tell you
whether it all will be worthwhile.

Obviously, bi-wiring doubles the quanti-
ty of speaker cable required to hook up a
system, and tri-wiring triples it. If you pre-
fer using very exotic, expensive speaker ca-
ble, these wiring schemes can materially in-
crease the cost of the installation over that
of conventional wiring,

Cassette Heads and
Frequency Response
In “Trouble in Treble City” (November

Q 1994), a reader complained that tapes
made on his three tape decks gained or lacked
highs when played on the other decks. Your
comments on azimuth adjustment were help-
ful and appropriate. But you didn’t follow
through on the equalization aspect. If the
decks were of different makes and models, the
problem might be in the design of the various
playback heads and consequent differences in
equalization of the playback amplifiers.

Playback EQ is adjusted for flat response
from a standard test tape. Record EQ is then

AUDIO/NOVEMBER 1995
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adjusted for flat record/play response, which
in turn is affected by the deck’s play head and
playback EQ. This can cause differences in
treble response when tapes are interchanged
between decks.

This problem will continue until all cas-
sette heads are manufactured to the exact
same standards—which I don’t expect will be
very soon in coming. Frequency response
anomalies are just a frustrating part of life in
the cassette world. —Kurtis Vanel, Bernaby,
B.C., Canada

If the playback EQ was so well

matched to the play head that play-
back response was perfectly flat, then the
playback system would have no effect on
record EQ, and you’d be wrong. But since
this is never quite the case, you probably
have a point.

A more likely cause, aside from mis-
matched head alignment between decks,
would be the effect of mismatched record
sensitivity settings on Dolby noise-reduc-
tion circuitry or of mismatched threshold
settings of the three decks’ Dolby NR de-
coders. You could check for this by making
test recordings on each deck with the NR
shut off, and keeping it off when playing
these tapes back on the other decks.

If one or more decks have auto reverse,
you may also run into problems caused by
mismatches in the tape path as the tape
runs across the head assembly in each
direction.

LP DSP

My CD changer has digital signal pro-
Q cessing built into it. Using its DSP
“rock” and “jazz” settings certainly helps en-
hance CDs. Can DSP also be used to enhance
the sound from my LPs? If I buy an A/V re-
ceiver, will I need a separate DSP in it, or can
I use the one in my player?—Theodis White-
side, Jr., Little Rock, Ark.

DSP unit does not “know” what pro-

gram source is feeding into it: It will
work as intended, regardless of source. But
the DSP system built into your CD player
will only be able to process CDs if there is a

If you have a problem or question about audio,
write to Mr. Joseph Giovanelli at AUDIO Maga-
zine, 1633 Broadway, New York, N.Y. 10019. All
letters are answered. In the event that your letter
is chosen by Mr. Giovanelli to appear in Audio-
clinic, please indicate if your name and/or ad-
dress should be withheld. Please enclose a
stamped, self-addressed envelope.



Surround yourself with music
instead of compromise.

“Based on our time with the SDP1,
surround sound is the essential next step in
home music reproduction...

Most importantly, the two main chan-
nels pass through to the main amplifier,
untouched. Execution is half the battle and
ARC has applied their high standards to
the SDP1. This is reflected not only in the
build quality, but in the design of the
digital delay circuitry and the circuits that
derive the ambient and center channel
information. The approach is purist...

We want to buy into the illusion that a
live music event is happening in our
homes... The ARC SDP1 helped me get
much closer to that illusion...

Adding surround sound through the
SDP1 was like switching from solid state to
tubes without sacrificing the resolution...

The SDP1 weaves its most powerful spell
on concert recordings...

With the SDP1, the listener cannot avoid
involvement and it takes much less effort
to suspend disbelief...

The SDP1 removes the wall; it restores
the continuum of sound between the
instruments and the listener. This effect
is subtle but profound. It is a revolutionary
improvement in the credibility of repro-
duced music.”

By Tom Miiller
Reprinted from

THE AUDIO ADVENTURE
April 1995, Vol 2, Issue 4

PURE. SIMPLE.
NATURAL.

The critics agree.

*The Audio Research SDP1 plays music
with superb sonic fidelity, much better
than other surround processors.

As things stand today, the Audio
Research SDP1 is cleatly focused at the
listener who is unwilling to compromise
the basic sonic fidelity and spatial imaging
of the front stage space, who is unwilling
to settle for less music than he hears today
from his high end stereo system.

On music recordings, all the musical
information is up front in this front stage
space. All other surround processors
degrade this vital information. Only the
SDP1 does not.

In fact, the SDP1 can enhance this front
stage information. The SDP1 can help the
center stage space become deeper, richer,
and more realistic, enhancing the believ-
ability of the musical event on stage. It can
even improve the apparent fidelity of in-
struments playing center stage. The natural
musical nuances of each instrument can be
more clearly heard when each instrument
is surrounded by its own portion of believ-
able stage space.

Congratulations to Audio Research for
having the courage to uphold their tradition

audio research

HIGH DEFINITION®

and stick to their guns. It's paid off with a
unique surround processor that redefines
the fidelity standard for music lovers inter-
ested in surround sound.”

By J. Peter Moncrieff

Reprintad from

IAR HOTLINE! 68-70
Decemuper 1994

"For those of us who have succumbed
to the enticements of surround-sound for
music, Audio Research's SDPI is... cause
for rejoicing because someone has finally
done music surround right...

Audio Research is, to my knowledge,
the first company to offer completely dis-
tortionless stereo channels in a surround
decoder...

I wasn't surprised to find the SDP1 the
best-sounding surround decoder I've ever
heard-or, rather, not heard...I could hear
no "sound” from the decoder whatsoever...
I guarantee you won't find another sur-
round decoder that has any less effect on
the front channels than this one...

If you have any misgivings about getting
into surround-sound for your music listen-
ing, the Audio Research SDP1 should dispel
them. It passes the all-important front
channels completely unscathed, it does as
good a job as any decoder can with the
surround channels...”

By J. Gordon Holt
Reprirted from

STEREOPHILE
Vol. 1&, No. 8, August 1995

5740 Green Circle Drive / Minnetonka, Minnesota 55343-4424 / Phone 612-939-0600 / FAX: 612-939-0604
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way to route other program sources
through it. The DSP section of an A/V re-
ceiver will certainly process any signal you
choose to feed through the receiver, though
the effect may not be identical to that from
your CD player—it may be better, worse, or
just different.

“Static” with VHS Hi-Fi
Q Sometimes I hear a soft, static-like

crackling on the Hi-Fi soundtracks of

many prerecorded VHS Hi-Fi tapes but not

on their linear tracks. A slight adjustment of
the tracking control will sometimes lessen the
problem but never eliminate it. Not all tapes
have this problem, yet those that do exhibit it
on all three of my Hi-Fi machines. Would you
suspect niy equipment, hookup, cables, dry
environment, elc. to be the cause of this? Is it
due to some inconsistency between record and
playback standards?—Richard A. Lipari,
Chicago, 111

The “static” is, I believe, related to

the switching between the VCR’s two
playback heads. If the mechanical switching
during playback occurs at different times
from those which occurred during record-
ing, there will be some static. This is often
caused by damaged tape edges, which make
the tape skew so that the switching times
don’t match. As you have noticed, it can of-
ten be reduced, and even eliminated, by an
adjustment (sometimes considerable) of
the tracking control.

Rental tapes are more prone to tracking
problems. This is largely because they have
been played many times, often on decks
whose guides are so badly aligned as to
cause edge damage.

Problems can also occur with your own
tapes, if you make them on “bargain” blank
cassettes. These “cheapies” may have been
poorly slit and have edge problems from the
start, often exacerbated by poorly made cas-
sette shells that also cause alignment prob-
lems. Such tapes may also have coating and
binder problems. High-grade tapes from
recognized manufacturers are now cheap
enough that you shouldn’t have to skimp
and compromise your recordings.

Also note that misadjusted tracking con-
trols can cause tracking errors on the
recordings you make. Such tapes would play
properly on your machine but wouldn’t
track correctly when played on properly ad-
justed machines unless you adjusted their

tracking controls. However, unless all three
of your VCRs are identically misadjusted
(which is most unlikely), this is probably
not the cause of your problem. You’d know
if one of your VCRs had tracking misalign-
ment, since its tapes would then need track-
ing-control adjustments when played on
your other two decks.

Who Needs Separate
D/A Converters?

Why are there stand-alone D/A con-
Q verters? Don’t CD or LaserDisc players
already include such converters>—Rick
Wang, Irvine, Cal.

Having separate components instead

of a combination unit lets you select
the best of each. And in many cases, as you
can see from Audio’s test reports, separate
D/A converters do outperform the D/A sec-
tions in CD players.

Separates also let you upgrade piecemeal.

If your CD player has a digital output, you
can hook it up through a separate D/A and
see if you hear the difference. If you decide
to buy the D/A, you can later try a dedicat-
ed transport and see if it, too, improves
your sound. And when improved equip-
ment comes along, you can replace only the
component you consider “obsolete.”

It’s About Timers

There are two ways to set up a cassette deck
for timer-operated recording that were nat
covered by the question and answer on this
subject in the February 1995 issue.

First, I've seen universal remote controls
(such as the Memorex CP-8) that had a
built-in timer. If the tape deck can be con-
trolled by a wireless remote, such a remote
could be progranuned with the deck’s record-
ing functions. You could then use the remote
to start the deck recording (or playing) at a
preselected time. As an additional benefit,
this system can be made to operate other de-
vices. For instance, it could be set to turn on a
receiver, have it tuned to a particular station,
and then start the tape deck to record the
program.

Second, you could record on a Hi-Fi VCR,
using its built-in timer, and then copy that
recording onto a cassette deck. The high qual-
ity of the original recording should ensure a
satisfactory copy, and you have a chance to
edit the tape, if need be, during the
transfer—Michael Sock, Providence, R.I. A

AUDIO/NOVEMBER 1995
14

Defritve Tedomology

Authorized Dealers

- Alasia Audio: Juneaus Hoitf's: Fairbanks» Pyramid: Anchorage.
- Cohen’s Elecironics: Montgomerys Kincaid's TV: Tuscaloosas
tkis Audio: Birmingham.
- Custom Audio Video: Little Rock.
- Jerry's Audio Video: Phoenix, Tucson, .
¥ to Music: Larkspure Accurale AV S. Lake Tahoe» Audio
oncepis: Long Beach, San Gabriel Bay Area Audio: San Joses
E Hansen: West LA+Coast Satellile; Atascadero, Santa Maria=
Croattve Stereo: Santa Barbara, VenturasDavid Rutledge Audio:
Palm Deserte DB Audio: Berkeleye Digital Ear. Tustine Larson’s
Reddings Monlerey Stereo: Monlefﬂ' Pacitic Coast AN: Newport
Beache Paradyme: Sacramento= Performance Audio: San Franciscoe
Sound Co.: Escondido, San Diegoe SpeakerCrall: Riverside Systoms
Design. Redondo Beache Videotek: WestminstersWesichester TV:
Bakersfield= Wilson A/N: Woodland Hills, .
- Listen Up: Denver, Boulder, Colorado Springs.
- Al Franklin’s; Hartford- Carston’s Audio Video: Danburys
obert’s Audio Video: New London.

C Suburbs- Audio Buys.
- Sound Swdio: Newark, Wilmington.
- Absolute Sound: Winter Park Audio Advisors: West Palm Beache

dio Center: Deerfield Beache Cooper lor Stereo: Clearwatere
Hoyt Sterso: Jacksonviliee Palm Audio: Destin Sensuous Sound:
Tampa- Sound Components: Coral Gables» Sound Ideas; Gainesvilles
Sound Insight: Ft. Pierces Slereotypes: Daytona Beache Steres Workl:
FL Myers, Raplese Stuart ANV: Stuart.
GA- Audio Warehouse: Savannah- Ken's Stereo Jet.: Macon- Laser
Disc Enterprises: Atlantas Merit TV: Columbuse Slereo Connections:
Valdosta- Stereo Festival: Atlanta- Sterso Shop: Martinez.
m- Audio Center: Honolulu. o i

- Archer Audio Video: Ft Dodge- Audio King: Cedar Rapids, Des
Moinese Audio Video Logic: Des Moines» Camera Corner:
Davenporte Hawkeye ANV: lowa City, Waterloo.

IB— Ultimate Electronics: Boises Wise Buy: Idaho Falls.

- Uniled Audio Cirs: Chicago & Suburbss Camera Comer.
Bloomington« Cars & Stereos: Rockford=Jon's Home Ctr.: Quincye Sd
Forum: Crystal Lakes Select Sd: Napervillee Sundown AN: Springtield.

- Ovation Audio: Clarksville, Indianapolis. .

- Accenl Sound: Overland Parks Advance Audio: Wichitas Audio
. Junction City. .
- Ovalion Audio: Lexington, Louisville. .
- Alterman Audio: New Orleans, Metairie.» Sound Advice: Baton
ouges Wright's Sound Gallery: Shreveport,
HA- Cookin’: Sauguse Goodwins Audio: Boston, Shrewsburye
antuckel Sound: Hyannis. .
- Audio Buvgs: Annapolis, Gaithersbui urel, Rockville, Waidorte
ramophone: Balt, Ellicot Citys Soundscape: Baftimore.
- Cookin®: Portland» Sound Source: Hangor. .
- Pacar's: Detroit Troy Classical Jazz Holland<C lassic Stereo:
lamazoo, Grand Rapids« Front Row AN Flint Fulure Sound: Ypsilantis
Coun St. Listening Rin: Midland, Saginaw, '
am- Audio Designs; Winonas AudloAKln%:‘menm yolis & Suburbs,

ochester, St. Cloud- Audio Perlection: Minneapolis. .

m- independence A/V: Independencee Sound Central: St Louis.

- McLelland TV: anmbu?-.Playm AN:R nd.

- Car & Home Stereo Ctr.; Billings+ Ropk‘. : Great Falls.

- Audio Video Systems: Charlotte Audio Visions: Wilmingtons Now

dio Video: Durham, Greensboro, Raleigh; Winston Salems Audio
Lab: Wilmingtone Tr Cily Elect.: Conover.

- Custom-Electronics: Omaha, Lincoln.

- Cookin': Nashua, Manchester, Newington, Salem, S. Nashua.

- Hal's Stereo: Trentons Monmouth Sterso: Shrewsbury, Walle

ound Waves: Northfields Woodbridge Slereo: West Caldwell,

Woodbridge.
- Ullimate Elect.: Albuguerque» Sound Ildeas: Albuquerque.
- Ultimale Elect.: Las Vegase Ugger Ear: Las Vegas, .

- Audio Breakthroughs: Manhassets Audio Den: Lake Groves Audio
Expressions: Newburghe Audio Junclion: Watertowne Clark Mus.: Al-
bany, &{mcuse- Stereo Exchge.. Manhattan, Nanuet» Hart Elect. Ithaca,
Vestale Innovative Audio: Brooklyne .
Listening Rm: Scarsdales Rowe Camera: Rochesters Sound Mill: M.
Kisco, Yorktown His.» Speaker Shop: Amherst, Buffalo.

- Contemporary Sds: Ok City K Labs Premium Audio: Tuksa.

- Audio Crafl: Akron, Cleveland, Mayfield Hts., Westiakes Audio

c.: Daytone Paragon Sound: Toledos Threshold Elect.: .

- Bradford's HiFi; Eugenee Chelsea A/V: Portiand, Beaverione

P? Ivt'saﬂn;ne Ctr.; Saleme Larson’s: Medford, Roseburge Stereo
ant: Bend.
rx(‘s Elect.. State Colleges GNT Stereo: Lancasters Hart Elect.:
Blakely, Kingstone Hi Fi House: Abington, Broomall. » Hi Fi House:
Harrisburg, Camp Hille Listening Post: Pittsburghe Palmer Audio:
Allentowne Stersoland: Natrona Heightse Stidio One: Eriee
The Stereashop: Greensburg.
- Stereo Discount Clr.. Providence. .

- AN Design: Charleston» Custom Theater & Audio: Myrile Beache

stairs Audio: Columbia.

- Audio King: Sioux Falls. . .
- College HiFi: Chattanooga- Hi Fi Buys: Nashvillee Now Audio

ideo: Knoxvililee Modern Music: Memphiss New Wave Elect.:
Jacksone Sound Room: Johnson City. .

- Home Entertainment: Dallas, Houston, Plano.» Audio Tech:
emple, Wacos Audio Video: College Station» Brock AN: Beaumonte
Bunkley's Sd. Systems: Abikene~ Bjorn's: San Antonios H:g"h Fidelity:

Aust stal Clear: Dallase Marvin Electronics: Ft. Worfhe |
Sd. Box: San Angeloe Sd. Quest: El Pasos Sd. Systens: Amarillos
Sd. Towne: Texarkana. . )
- Alpine Elect: Provos AudioWorks: Salt Lake City Crazy Bob's:
eosrgﬁ'LS!:kEs Bros.: Logane Ullimate-Elect.: Layton, Murray,
, ake
*A udio Bu\} rlington, Fairfax, Falls Church, Manassase Audio
onnection: Virginia Beach+ Audiotronics: Roanokes Homs Media
Store: Richmonds Stereo Tyge: Charlottesville.
Y- Audijo Video Authorily: S, Burlington. .
- Definitive Audio: Bellevue, Seattles Evergreen Audio: Silverdales
citic St. & Sd.: Wenatchees Tin Ear: Kennewick.
- Sound Post: Princeton, .
- Audio Emporium: Milwaukees Absolule Sd. & Vision: Sheboygane
Hi-Fi Heaven: Appleton, Green Bays Sd. World: Wausau.
ico- Pracision Audio: Rio Piedras.
-A&B $ound:CaIgarY, Edmonton, Kelowna, Vancouver &
uburbs, Victorias Advance Elactronics: Wlnmpe%' Bay Bloor Radio:
Torontos Centre Audio Charest: Trois Rivieres» CORA: Quebet Citye
Digital Dynamics: Clearbrooke Greal West Audio: London- Lipton's:
New Market Ontarios Peak Audio: Halitaxs Sd. Room: Vancouvers
StereoLand; Windsore Treble Clef: Ottawa.
Mexico- Contact Grupo Volumen: Mexico City.




Definitive’s New
BP2000 Brings

You the Ulti

mate

Listening
Experience!

“The first speaker I have been able to audifion in my own
familiar surroundings that has given me that special thrill
that usually costs ten or more times its price to obtain.”

“Frankly, if circumstances
allowed, I would choose

these speakers for myself.”
=Julian Hirsch, Stereo Review

Speaker of the Decade

Now, with the BP2000, Definitive
literally reinvents the loudspeaker.
We have combined a six-driver dual
D’Appolito bipolar array with a
built-in (side-firing) 300-watt
powered 15" subwoofer. (Yes, a
complete powered subwoofer built
into each speaker!) The result is
extraordinary sonic performance
beyond anything you've ever heard.

Both music and movies are
reproduced with unequalled purity,
transparency and lifelike realism.

—Julian Hirsch, Stereo Review

The Ultimate Home Theater

In addition to being an audiophile’s
dream, the BP2000s are also the main
speakers in Definitive’'s AC-3 ready
Ultimate Home Theater System. This
astonishing system is absolutely the
finest sounding available. It recreates
a “you are there” spatial reality that
actually puts you into the soundspace
of the original cinematic action.

The complete system combines
BP2000s with a C/L/R 2000 center (3650
ea) and a pair of BPX bipolar surrounds
(from $399 ea.). Of course, the dual 15"
powered subwoofers are already built
into the sleek BP2000 towers. Truly
the ultimate listening experience!

Visit your Definitive dealer today.

And the astounding high resolution S _: S De'ﬁniﬁve Technolog’L

imaging and awesome bass impact - ; ’
e : The Leader in High-Performance Loudspeakersne

totally envelop you in sonic ecstacy. g, wyoutionary bipolar BP2000 (51499 2a.) has a builein 11165 Valley His. Dr. « Baltimore, MD 21117 (410) 363-7148
They are an amazing achievement! 300watt RMS powered 15" subwoofer for uitimate performance. Please see our dealer list on page 14
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Battery-Powered Amps
Dear Editor:

I read Bascom H. King’s article
“Switched-On Amps: Power with a Pulse”
(February 1995) with interest.

Now, for some questions. First, will bat-
tery power supply be a viable option for the
amplifiers discussed, since they have very
modest power requirements? Second, in re-
gards to the battery power supply, since
switching amp use very little power, would
ordinary car batteries work to power them?
Consider this: One 75-AH battery would be
big enough to power a 300-watt/channel
Class-D stereo amp for about 12 hours; an
ordinary car battery charger could be used
to charge the battery when the amplifier is
off. And a dedicated control box could be
used to manage charging the battery. If off-
the-shelf components could make up most
of the battery supply, the price would be
low—not $3,000!

Arild Gjeldnes
Jesus Pobre, Spain

Author’s Reply: Yes, indeed, battery power is
a viable option for powering switching am-
plifiers. A simple external charging circuit is
needed also. For example, the Infinity car
audio switching amplifiers could certainly
be used for home use with a battery. Inci-
dentally, one doesn’t need to use a battery
as big as a car battery; motorcycle or small-
er gel-cell batteries work quite well. For in-
stance, the Arnoux 7B amplifier uses a 10-
AH battery, and it runs the amp for most of
the day at low to medium volume with the
charger disconnected. Still, for serious use
at higher power levels, a car battery would
be best—B.H.K.

Living in a Vacuum?
Dear Editor:

I was very disturbed by the two power
amplifier reviews by Bascom H. King in the
July issue.

The first amp reviewed was the Cary Au-
dio Design CAD-805 mono amp, a vacuum
tube design that, according to my 1945 edi-
tion of the Radiotron Designers Handbook,
is reminiscent of amps of that era that were

& NOISE

used primarily in public address systems.
The second amp, the Carver Research
Lightstar Reference, a solid-state design us-
ing innovative power-supply design tech-
niques, is a logical progression in the ad-
vancement of audio power amplifier
design.

What disturbs me is the fact that even
though the solid-state design exhibited
measured performance vastly superior to
that of the vacuum-tube design, the “listen-
ing test” which followed in both cases
negated the effort spent in that testing.

The description of the sound of the
CAD-805 starts with, “I must admit I was
quite impressed with the sound of the
CAD-805s when I first got them going.
There was, indeed, an ease to the sound that
made it a pleasure to listen to music with
these amps.” Compare that with the de-
scription of the Lightstar Reference, the sol-
id-state design: “At first encounter, the
Lightstar Reference sounded a bit obscure
and unclear.” The text that followed
showed an obvious prejudice for the vacu-
um-tube design.

I was “stung” by the high-fidelity bug in
the early-1960s at the age of 12. I gravitated
toward Audio magazine as my prime source
of information because of its objectivity in
product reviews and the depth of the tech-
nical articles. Your publication, among oth-
ers, influenced my professional growth in
the field of electrical engineering.

I’'m disappointed that a young person of
today might think the years of study re-
quired to become an audio engineer are not
justified, because ancient, marginal tube
designs produce superior sound to designs
that require years of experience, many man
years of research and development, and a
commitment to improving the status quo
in amplifier design.

High-fidelity sound reproduction is as
close as many of us in the engineering field
will come to promoting the arts, by bring-
ing the sensation of the musical experience
to others. There is much work to be done,
but the work should be focused on the
known problems, not amplifier design us-
ing ancient technology.
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There are not many publications that
provide the kind of information Audio has
provided over the years. Please do not lose
sight of this.

Bob Smith
Los Altos, Cal.

Author’s Reply:1am glad Mr. Smith was dis-
turbed by my reviews! If nobody got dis-
turbed, I wouldn’t be doing a good job as
a reviewer. Getting people disturbed is
the precursor to possibly changing their
thinking.

In my reviews, I do make measurements
to the best of my ability, and where possi-
ble, I try to relate them to possible sonic re-
sults. To be honest, though, the measure-
ments that most of us reviewers make don’t
relate very well to the sonic results. In my
listening and use tests, I try to describe how
the equipment sounds to me and whatever
reactions [ have to it, sonic and otherwise.

I do have my feelers out looking for new
measurements that relate to sonic experi-
ence, but they don’t seem to be in great
abundance. I am open to suggestions for
new measurement techniques that possibly
relate better to the sonic experience.

With the above in mind, I fail to see how
the listening tests negate the effort spent in
testing the amplifiers. Furthermore, I don’t
see how my comments that follow the mea-
surements for the solid-state amplifier
show any obvious prejudice for vacuum-
tube designs, as there is no mention of
them at all in this text! I wouldn’t worry too
much about members of the younger gener-
ation who want to become audio engineers
being discouraged by the good sonic attrib-
utes of “ancient, marginal tube designs.”
Those young people who are destined to be-
come good audio engineers will learn from
the past, use their ears to listen, and find a
way to combine what is legitimately good
about those old designs into whatever new
technology that they will be practicing.

In the final analysis, what matters more
to me is how an audio component handles
real music signals in an actual music repro-
ducing system than how it measures on the
test bench.—B.H.K.

pcn L-:_‘l Fan
Dear Editor:

I would like to see Audio do an article on
the state of open-reel recorders today. It is
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sad that no magazine runs articles about

them anymore. There still are open-reel

recorders being manufactured, such as by

Nagra and Studer. Also, I'd like to see an ar-
ticle on the state of blank open-reel tape.

Phillip R. McCreary

Columbus, Ga.

Editor’s Reply: As we have noted before,
open-reel recorders today are aimed at the
professional market and, as such, are out-
side Audio’s focus on the consumer indus-
try—a focus applauded by the great major-

ity of our readers. We did, however, run an
article in the April 1994 issue on the splicing
and care of open-reel tape, “Jurassic Tape:
How To Be a Good Audio Dino.”—E.P.

Time Delay and Diffusion
in Surround Sound
Dear Editor:

I would agree with Tomlinson Holman’s
excellent article on surround speakers (July
1995) that diffuse sound is required at the
side speakers in a theater setting. On aver-
age, the listener sitting in the audience is lo-
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cated closer to the side speakers than to the
speakers in the front, which are typically 40
to 100 feet away. With that setup, the direc-
tional cues from the front channels must be
given preferential treatment.

In a home setting, however, the side
speakers are likely to be only 10 to 15 feet
from the front speakers. With such place-
ment, the front channels are likely to
swamp any perception of the side channels,
due to the precedence effect. In cases such
as this, a more directional radiator may be
more appropriate.

Ronald B. Levine
Philadelphia, Pa.

Author’s Reply: There are two cases regard-
ing the difference in time delay between
front and surround speakers. For matrixed
sound, like Dolby Stereo, both the cinema
processor used in theaters and the con-
trollers used at home have delay lines in the
surround channel. In the cinema processor,
the delay is adjustable, so that surround
sound arrives at typical listening locations
approximately 15 to 20 mS after the direct
sound. In home controllers, a similar time
delay is used, but due to the room size, the
actual time delay is shorter. The results are
the same, however.

The reason for having the surround
sound delayed in a matrixed system is, as
Mr. Levine’s letter suggests, the suppression
of crosstalk into the surround channels: It is
important that this crosstalk be suppressed
so that dialog, for instance, constantly
sounds in front. This is accomplished by us-
ing the precedence effect to advantage.

In a fully discrete system, on the other
hand, there is no need to delay the sur-
rounds in order to suppress crosstalk. Delay
will nonetheless be available on controllers,
so that home conditions may better mimic
dubbing stages by delaying the surrounds
to “put them into sync” with the front
channels. In addition, Home THX AC-3
controllers will have separate center and
subwoofer delay controls, ensuring that
time-of-arrival synchronization at listening
locations can be achieved. For the sub-
woofer channel, this is a distinct advantage
because it permits the subwoofer to be
placed in a corner for best coupling into the
room, while simultaneously allowing its
output to combine with front speakers dis-
placed from it—TH.
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Speakers, Call and Response
Dear Editor:

I’d like to respond to several minor qual-
itative boo-boos in Hank Zumbahlen’s oth-
erwise informative “Zobels and All That”
(June 1995).

First, the acoustic center of a driver isn’t
“located” anywhere; it moves with respect
to frequency. The impedance of a driver is
capacitive at some frequencies, inductive at
others, and purely resistive at both the reso-
nance point and the point of minimum im-
pedance above resonance. This causes
phase shifts in input current, and results in
displacement of the acoustic center as fre-
quency changes. Mechanical considerations
also have an effect.

Second, low amplifier impedance does
nothing to “control” induced EMF in the
voice-coil. Induced voltage is proportional
to voice-coil velocity. This voltage at no
time “sees” the low amplifier output im-
pedance. Such a situation would cause an
enormous current flow in opposition to the
amplifier’s output voltage, an obvious im
possibility. What the back EMF “sees” is
amplifier voltage in opposition to, and al-
ways greater in magnitude than, the in-
duced EMF itself. Current is driven through
this circuit by a single net voltage (mea-
sured at the amp output), and low output
impedance is still important to damping.
Back EMF is reflected in high speaker im-
pedance and reduced current flow.

To be fair, both these subjects are widely
misunderstood, but 1 think you ought to
run an article covering these types of con-
cerns by D. B. Keele before you publish one
like this. I remain a loyal subscriber (due in
part to Mr. Keele) and greatly miss the late
Bert Whyte’s column.

Andrew R. Lewis
Englewood, Colo.

Author’s Reply: Thanks for your interest in
my article. In response to the points you
praised:

First, you state that the acoustic center is
not located anywhere and then say that it
“moves.” I maintain there is an acoustic
center; the fact that it moves was a detail be-
yond the point I was trying to make. I was
discussing the use of all-pass filters used as
time delays in active crossovers. The point
was made that there was no practical pas-
sive counterpart available. If you mount
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drivers en a standard flat baffle, the acomstic
centers will not align. This is why audio-
philes sometimes tilt speakers back a bit.
Several high-end manufacturers (such as
Thiel) use a sloping baffle or separate sub-
enclosures that physically offset to adjust
for this effect (B & W and Vandersteen, for
example).

On your second point, I disagree com-
pletely. If the voice-coil of a speaker is con-
nected to the output of an amplifier, it most
certainly does see the output impedance of
the amplifier as its load. Practicaily all mod-

ern amplifiers can be thought of as voltage
sources. This means that the amplifier will
provide whatever current is required to
hold the output voltage at its proper level—
within its range, obviously. It is this proper
ty that controls the back EME. I think we
are talking about the same effect here, just
from different vantage points. Also realize
that while the speaker does generate
back EMF, its power capability is low. I
greatly encourage you to respond if you
wish. Discussion is, by far, the best path
to understanding.—H.Z.
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C avo G

EDWARD TATNALL CANBY

QUICK:
SOME DELAY!

. have some
more campy—
or, should I say,
campish—material
concerning audio at

an adult summer camp as de-
scribed last month. It ran me out of
space, yet could be useful for many
of our readers. You will recall my ac-
count of a certain out-of-date feeling
in the enormously powerful and
sonically excellent rigs that abound-
ed in the camp, mostly all going at
once and with no distinction be-
tween indoors and outdoors (no
windows, only screens).

The equipment was strictly stereo,
largely out of pairs of hefty speakers
set up to cover audiences large and
small, usually from a pair of up-front
locations. For small it works; for
large there are major problems of
coverage. That is indeed the way we
always did things in the days, in the
many decades, before digital and
multiple small speakers. We don’t
anymore—thank the gods of audio!

The big change was mainly due to
developments made possible by digi-

tal diversity: Variable delay circuits,
potent but small multiple “local”
speakers close to all listeners, lots of
available channels for them. Now we
have a wholly different species of au-
dio coverage, vitally useful in hun-
dreds of ways, from the

church services (where
I first read about the
technique maybe a
dozen years ago in

db magazine) to

sands of places all over the country
are the same? Big, too-loud sound,
mostly up front, progressively less
intelligibility towards the rear, only a
small portion of the listeners ideally
placed for best hearing. Regrettably,
still all too common.

I can think of so many horrible
examples out of the past! In the early
1930s, my Harvard music professors,
who were gingerly converting to the
phonograph (electric) in place of the
piano for everything, would put a big
console or even a small table phono
up on a lecture platform. They
would aim it straight in the face of
the nearest listeners and then turn
the volume up full—hideously dis-
torted, of course—while almost visi-
bly plugging their own ears with
their fingers. How they hated those
machines! I kept saying to myself, it
can’t be that bad—there must be a
better way. It was the same a few
years later when I taught music at

Princeton.

s

Much of my life since those

]
days has been devoted to ex-
-  periments trying to improve
. the use of audio so it could do

classical
music con
certs, amateur
talent shows, and
meetings of all
sorts, large and small,
announcements and
speeches made to large gather-
ings—you name them. It is a fantas-
tic improvement
in what once was
just called P.A.,
Public Address,
drastically altering
major aspects of
audio, even in-
cluding recording.
Yet little of this,
remarkably, was
evident at my camp in Maryland.
Nor, come to think of it, at several
other similar camps [ have visited on
vacation. | wonder how many thou-
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PUBLIC SOUND SYSTEMS
SHOULD BE LESS LIKE
LOCOMOTIVES,

MORE LIKE TROLLEYS
AND SUBWAYS.

its best in such situations. In
the 1930s it was an uphill job, let
me tell you.

And not much different in the
’50s, at least in the academic and
professional worlds. That great and
wonderful pioneer in electronic mu-
sic, Edgard Varese, actually knew
nothing about electronics but, in the
way of genius, saw what could be
done with that medium (he had as-
sistance!). Varese planned to put on
his last big piece,
“Déserts,” alter-
nating orchestra
and taped factory
sounds, with the
same gruesome
technique: Two
speakers, in this
case huge Altec
Voice of the The-
atre jobs, right at the edge of a con-
cert hall stage and aimed directly at
the front-seat audience members not
10 feet away. Talk about assistance;

Tllustration: Scott Menchin
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Fly from a track on disc 1
all the way to a track on
disc 6O.

MASH

shaping

Brings out fine musical delail.

The remote even
controls Direct
Programming
Jfor one-touich
programming of your favorite
songs as you listen

Tachnics developed the world's first MASH
type DAC. MASH technology was invented by
NTT (LSI Labs.) MASH 1s a trademark of NTT.

WITHOUT THE
HIGCH ANXIETY

How TrcHNICS 60-Disc CHANGER
WILL CHANGE THE WAY YOU
LISTEN TO MUSIC.
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PUSH A BUTTON, THE SONG PLAYS.
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REVOLUTIONARY

WIRELESS PREAMP
ALSO UPDATES OLDER
COMPONENTS AND
SUBWOOFERS TO REMOTE
. CONTROL....

§13?

I f you own an older preamp, receiver, or pow-
ered subwoofer and are tired of jumping up
and down every five minutes to fine tune the bal-
ance or adjust the volume, Chase Technologies'
RLC-1 Remote Line Controller was made to order.
This versatile, acoustically transparent preamp
lets you re-capture the convenience of remote
control performance without having to replace
any components you currently own,

PERFECT FOR HOME THEATER.

In most movies, as the drama unfolds from scene
to scene, the loud sounds are too loud and the
soft passages can barely be heard. The RLC-1
puts instantancous home theater control right at
vour fingertips by allowing you to easily adjust
the volume without interrupting the action.

EXTREMELY CLEAN, NOISE-FREE OPERA-
TION, More than the undeniable appeal of retro-
fitting your older components with remote con-
trol, the RLC-1 is a meticulously engineered pre-
amplifier that won't dilute or degrade signal qual-
ity. As Sterco Review noted, “..the RLC-1 s very
uniikely to introduce any audible argfacts into
any hi-fi system.” Skeptical audiophiles will
appreciate the way the RLC-1 works via a con-
ventional tape-monitor loop - engage it for
movies, defeat it for critical listening. What could
be simpler?

RISK-FREE FACTORY DIRECT OFFER. We're
S0 sure you're going to enjoy the convenience and
versatility of this remarkable preamp, we invite
you to audition the RLC-1 in your home for 30
days. If for any reason you're not completely
satifisfied, simply return it to us for a full refund.

Please refer to key code AUD 313 when ordering,
RLC-1 Remote Line Controller. $119 {$10 S&H)

HT5-1 5-Channel Home Theater Decoder. $99 ($10 S$H)
The award-winning & qffordable way to enioy suround sound,

1-800 531-0631

TTECHMNOLOGIESS

%
R

St. Petersburg, FL 33701
FAX 813 896-7899

E-MAIL: ChaseTeck@aol.com
©Copynight 1985, Chase Technologies
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actually persuaded him to reverse those
speakers and aim each one at the slanting
side walls of the stage, for a reflected but
bearable sound, also avoiding the nearby
musicians. [ think I saved a good many
people’s hearing. My audio
Good Deed for the day.
There were real prob-

lems at my camp.
True, two speakers
up front and well §
separated are an im-
provement over one,
True, most people, g
and especially the
young, expect enor-
mous audio volumes
and do not com-
plain. Nevertheless,
in every sort of con-
cert or live act there
was very loud vol-
ume, a few hands
over ears in the front
rows and sometimes
shouts of “louder,
louder” from the
rear. It was a decidedly poor system any way
you look at it, the height of inefficiency for
the conveying of acoustic information to a
live audience. '

A curious analog suddenly occurs to me.
One of the greatest-ever inventions in elec-
trically powered transportation was what is
called multiple unit control, replacing a sin-
gle locomotive pulling a string of cars. It
was first developed by the trolley man’s ge-
nius, Frank Sprague, in the 1890s. Each car
is self-powered and self-braked, with all
controls operated from the front car’s cab.
Enormous advantages! We take them for
granted. But when, as a kid in 1927, ] visited
London and discovered the famous Under-
ground, deep round tubes with round cars
for a close fit, all the trains had locomotives
in front. British traditionalism? Our sub-
ways, the first in 1904, have always had mul-
tiple control, if sometimes with a few “trail-
ers” (not any more). Do you follow my
analog? Our big P.A. speakers were all too
much like unwieldy locomotives.

At camp this older technique reached its
nadir in the dining room. Another long,
large wooden building with crosswise ta-
bles, an aisle down the middle and cafete-
ria-style food service down each side, next
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WITH TWO SPEAKERS,
SOUND WAS TOO LOUD

AT THE FRONT AND
TOO SOFT IN THE BACK.

to open screened windows, as usual. Roar of
conversation—a person with a message
could yell for minutes before achieving
semi-silence, and then a mere acoustic
voice, unpowered, would still be unintelligi-
ble. It actually happened during a power
outage at camp. When the P.A. system was

¢ restored, guess what came out, down

somewhere at one end? Great vocal blast,
and still few could understand. With my
ears I got little, and was sorry
to miss important changes
in the schedule.

You would
think somebody
there would have
known, and have
made a permanent in-
stallation long since:
Multiple small speak-
ers, mounted directly
overhead on the con-
veniently available
wooden cross beams;
delayed maybe, so all
would hear at once.
Nice low volume, com-
pletely intelligible. What a difference! Curi-
ously, those same beams were used exactly
in that fashion for multiple overhead fans,
pushing air gently downward, drawing in
cooler air from outside. (Where the speak-
ers would be small, the fans were the oppo-
site, big and slow turning, making virtually
no noise.) How about two enormous fans up
front? Thankfully, no. But speakers, yes.

I admit that the use of time delay is very
confusing in this and other situations for
many a non-engineer. I was not clear as to
where the “live” announcements were com-
ing from. I could not find it for a while but
finally located the position—at the mid-
point of the hall. But the sound did not
come from there. Nor could I locate where
the loudspeaker or speakers were. General
confusion.

In any delay system, the timing of each of
the numerous outlets must be suited to the
distances involved and the desired mix of
direct and amplified signal. An orchestra is
one thing, a person speaking into a micro-
phone quite another. Those who make such
installations can easily explain how this is
done—all I know is that with digital well in
hand and multiple channels easily available,
the many-speaker system is not a problem




in present engineering terms. Those who
haven’t tried it, take note.

The ultimate in sophisticated delay was
surely achieved a few years back in the huge
Carlos Moseley outdoor P.A. for the New
York Philharmonic and the Met Opera
summer concerts, as designed with im-
mense imagination by the well-known
Chris Jaffe and his associates, Mark Holden
and Paul Scarbrough. When I wrote about
it at length (January 1991), the system was
having its first outdoor trials. It has been in
routine use ever since, for perhaps hun-
dreds of concerts. One of our editors re-
cently heard it in a “remote” appearance, |
think in Philadelphia, and was impressed. I
feel 1 must keep plugging this system of
widely distributed loudspeakers, each
radio-controlled, with delay adjusted to fit
and an ingenious simulation of stereo that
sounds like stereo at each location (as be-
tween neighboring speakers), yet has no
specific directionality. (If you are looking at
and listening to an orchestra a quarter-mile
distant, there is no observable side-to-side
separation!)

I should cite, finally, the early use of the
quiet multiple-speaker system by, of course,
the Audio Engineering Society for its many
spoken presentations. I have never studied

MY CAMP’S 12-HOUR
POWER OUTAGE BROUGHT

WHAT | CONSIDERED
A WELCOME SILENCE.

the details, but long ago became aware of
the low-level and completely understand-
able speech, every word perfectly clear (ex-
cept when some eloquent genius moved ab-
sent-mindedly so far away from the mike
that no power of electronics could equalize
the volume!). This is the way it should be,
always, in every situation where live speech
or music is distributed to a sizable audi-
ence, with or without delay. Even in
portable form.

The director of the camp session did a
noble job despite 104° temperatures and 12
continuous hours of power outage (for me
a welcome silence!). Copies of these articles
go to him, helpfully I hope. A
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Endlof Prefend!

Stx-Hundved Watt Ficapen M B

Announcmg the first actual theater amplifier avallable for your home theater'

The Cinepro 600x

What is the difference between con-
sumer amplifiers and a real professional
amplifier? Professional amplifiers are designed
to play to hundreds of people in a theater setting.
As such, they must be built very ruggedly, be able
to play 24 hours a day, and must have extremely
low noise and distortion. When used in a home
enviroranent, this “overbuilding” results in effort-
less and explosive dynamics, crystal clear dia-
logue reproduction, and rich sonorous musical
sound—not to mention near perfect reliability.

Is the Cinepro 600x identical to its profes-
sional sibling? Yes, and no {sorry). We took a
THX-pro certified proven design, with over 5,000
units in daily operation in some of the most pres-
tigious fand best sounding) theaters around the
world, and optimized the circuif for use in the
home. We improved the signal-to-noise ratio,
reduced distortion, and eliminated the fan noise.
Then we added an attractive 5/16" milled alu-
minum front panel, and a friendly user manual
that the home consumer can easily follow.

Will it plug into my existing system? Yes.
The Cinepro 600x features both RCA unbalanced,
and professional XLR balanced input connectars.
The speaker jacks are standard five-way binding
posts. Hookup is a snap.

I have a Pro Logic receiver, can |
upgrade? Yes. If you have frant line level output
RCA jacks, you're set. If you only have speaker
outputs, order the 3-channel Power Up speaker-
line level adaptor from Cinepra for just $59.00.

How will it sound? Some of the top
Audioghile engineers in the country contributed to
the “scnic tweeking” of the Cinepro 600X . We
added custom audiophile components like Kimber
and Wima capacitors, and Dale metal film resis-
tors. We sonically compared this amplifier to
some very high-end units costing up to 10 times
as much, and in many ways, the Cinepro is equal
to or better sounding.

| Can | use it for 2-channel stereo?

Absolutely, and with our 30-day no risk,
money-back guarantee, we invite you to com-
pare it to any amplifier...even those costing
many times more.

How about for center channel? On the rear
panel, a simple switch converts the amplifier to
an awesome 600 watt center channel
monoblock.

SPECIFICATIONS:

POWER (both channels driven at rated distortion)

400 watts/ch. @ 20hms 300 watts/ch. @ dohms
250 watts/ch. @ 6ohms 200 watts/ch, @ 8ohms
Mono (center channel mode) 600 watts @ 8ohms
DISTORTION: At rated power 20-20KHz <.15%
SIGNAL-TO-NOISE RATIO: Greater than 105d8
FREQ RESPONSE: 3-75KHz +/- 3dB @ 1 watt
INPUTS: RCA, Phone Plug, XLR-Balanced

WEIGHT: 36.2/bs DIM: 18"W x 5.75"H x 12.25°D

Hurry, limited factory allocations
available — order yours today.

| 500 watts—Real Theater

Factory Direct

699

To order
1-800-395-1222

24-hours a day
Visa, MC, Amex accepted

We Ship FedEx 2nd-Day Air [g=_ “g=
nationwide for just $25.00 MX

THEATER PRODUCTS
Redwood City, CA
Service/Technical Support (415) 299-1222
FAX (415) 2999111

30-day, no hassle return.
Try it. If not absolutely thrilled just return it within 30 days for a full purchase price refund.
WARRANTY: 3 years parts & labor.
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Hung out with the other rodents.

Ran out in the road.

Whatever nailed me sounded awesome.

In na way daes Pianeer advacare running aver road critrers, Every last ane of us would swerve, © 1995 Pwhee

PIONEER CD PLAYERS. Even the smallest scampering critter, with barely a
brain to register awe, will be impressed by our crystal clear CD sound and four-
channel high power design. And aur wide line of CD players with Pioneer-inventec
Detachable Face Security" will fit any car you're driving. So take your CD collecticn,
hit the road, and please brzke for our furry little flea-bitten rock-and-roll friends.
Call I-800-PIONEER for the dealer nearest you.
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JOHN EARGLE

DOLBY AC-3:
LLONGER LIFE
FOR THE LASERDISC

ress events ordinarily intro-
duce some new product or
service. However, when Dol-
by Laboratories officially
launched the AC-3 multi-
channel coding system at the
EIA’s Specialty Audio & Home The-
ater Show in Chicago last June, few
attending journalists were unaware
of it. Indeed, so many in the press
had already seen demonstrations of
the system that the event was almost
a nonevent. Nevertheless, Dolby’s
announcement can be seen as the
latest in a line of events and products
that stretch back some 20 years.
When you last went to a movie,
chances are you were listening to
Dolby Stereo Optical soundtracks,
unless the theater’s marquee specifi-
cally said “Digital.” Dolby Stereo
Optical was developed during the

eed®ene
< 80000
esoee

1970s as an alternative to traditional
(but very expensive) multichannel
technology that had been introduced
in the ’50s, when movies made their
big move into stereo. With Dolby
Stereo Optical,
the two channels
on the film are en-
coded so that four
channels of sound
can be produced
in a movie theater:
Left-, center-, and
right-front chan-
nels behind the
screen, and a single surround chan-
nel for the multiple loudspeakers lo-
cated on the side and back walls of
the theater.

Eventually, the Dolby-encoded
soundtrack found its way onto the
stereo audio track of VHS tapes and
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DOLBY’S AC-3 IS SEEN
AS A VAST IMPROVEMENT

OVER PRO LOGIC;
IT CAN'T BE HELD BACK.

LaserDiscs. When these are played
back through receivers equipped
with Dolby Pro Logic decoders,
the same surround sound that you
enjoy at the movies can be heard
at home.

Home theater is currently one of
the fastest growing segments of
home entertainment, and a quick
glance at the catalog of any mid-
priced supplier of audio electronics
will indicate that audio/video
receivers far outnumber stereo re-
ceivers. Dolby Laboratories estimates
that, by the end of 1994, there were
more than 15 million Dolby Sur-
round systems in homes worldwide,
with about half of them in the Unit-
ed States and Canada. More to the
point, about 3.6 million were sold in
1994 alone, indicating that the mar-
ket is still ramping up.

There is also a growing market for
audio-only CDs with Dolby Sur-
round encoding. These discs contain
two stereo channels, but with added
attention paid to the steering cues in
the program which, in a surround
setup, direct in-phase program ma-
terial to the front center and direct
random-phase material to the sur-
round loudspeakers. In addition,
most A/V receivers have special op-
erating modes for enhancing music,
as opposed to the normal movie
soundtrack mode of operation.

When it comes to digital sound in
the movie theater, there are presently
three competing systems. All of these
are discrete—that
is, not matrixed.
Dolby’s system is
known as SR-D.
The “SR” refers to
the two analog
tracks on the film
(making it back-
wards compati-
ble), while the
“D” stands for the digital informa-
tion, which is encoded in a format
known as AC-3. The other two com-
peting digital systems are Sony’s
SDDS and Digital Theater Sound’s
DTS; like SR-D they also have analog
stereo tracks for compatibility.

Hlustration: Claudia Newell



TO CLAIM THAT OUR DiGITAL COMPONENTS WILL BRING
MUSICIANS INTO YOUR LIVING ROOM MIGHT BE PUSHING IT.

HOWEVER, YOU MIGHT WANT TO LOCK YOUR LIQUOR CABINET.

ow presenting HDCD. It’s the remarkable D/AC-1100*° Digital to Analog "
/ Converter. HDCD headlines in our o
@ process that vastly improves the fidelity CDs, new DIk canueners. It's sure to be

a hit even among analog groupies.

including ones you already own. And four of our new  any of our single or 5-disc CD transports and your music

digital to analog converters have it. Simply marry one to  will come so alive that it’s 2 little scary. To enjoy the show,

C/DC-1500 Multi-disc Caransel )
Changer. A platterul of igh-end sound head to your local Parasound dealer. Where there’s never a

means you no longer have to cempromise
for convenience. Easily upgraceable to cover charge.

AES/EBU and ST outputs.
PARASOUND

«ffordable audio for the crivical listener

Parasound Products « 950 Battery Street, San Francisco, CA 94111 ¢ 415-397-7100 Fax 415-397-0144 « In Canada, distributed by Absolute Sound Imports. 604-984-3400

HDCD is a registered trademark of Pacific Microsonics.




All three of these systems conform to rec-
ommendations made by an SMPTE (Soci-
ety of Motion Picture and Television Engi-
‘ neers) study group. This committee

recommended that a minimum of five full-
bandwidth channels and a single special-
effects (subwoofer) channel be made
available to the movie
industry for digital
presentation in the
theater. Three of these
channels are placed

behind the screen, in a
‘ left, center, and right

array. The other two
full-bandwidth chan-
nels are assigned to
surround left and right, and the sub chan-
nel is assigned to special low-frequency

IT WAS ONLY A MATTER
OF TIME UNTIL
5.1-CHANNEL DIGITAL

SHOWED UP IN
CONSUMER PRODUCTS.

loudspeakers located behind the screen.
The format is familiarly called “5.1,” for the
five main channels and the single 100-Hz
limited-bandwidth channel.

It was only a matter of time before the
5.1 digital technology would become a con-
sumer option, specifically with movies on
LaserDisc. In January
1994, Pioneer Elec-
tronics demonstrated
a LaserDisc on which
both the AC-3 code
and standard analog
stereo tracks were
present. The demon-
strations were well re-
ceived, and Pioneer
stated that players and recorded product
would be coming in late 1995. That time is

Surround Channels

Low-Frequency

Effects Channel

Panning Options L (o] R

LS RS

0ESS 129 LO8 «1LOvvy8 o [N uapBo o ysam 0061 Yinos zg/z

’ Channels

Stereo, full range (3 Hz to
20 kHz)

Yes (3 to 120 Hz)

Monaural, limited range
(100 Hz to 7 kHz)

No

S

Four derived; only one
dominant signal can be
decoded at a time

Tewivsan ] *ajdwiis a4p suoiypnba awos

Six d screte; each channel can
carry a different signal
simu taneously

Other Improved sound imaging via

“time alignment,” i.e., making
it sovnd like each speaker

is the same distance from

the liztener

Appropriate compression
adjussments during low-volume

Economical way to achieve
high-performance surround
sound

Surround sound from any
nonencoded stereo source

Compatible with all current
and future two-channel
formats

] ‘ playback of dyramic movie

s soundtracks (late at night, for
El instamce) to ensure low-level
8 program content is retained

'“a.

g Deco ders programmable to

3 route low bass enly to channels
g in the system ecuipped with
§_ ;,‘2 : wide-range speakers or

oF subwaofers
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“Matthew Polk Redefines State-Of-The-Att ... Again.”

MATTHEW POIK'S HOME THEATER SYSTEM CAN NOW BE YOURS

What started out as Matthew Polk’s desire to desigr: the ultimate home theater
system turned into the most ambitious research project in Polk’s 22 year
history. The result, the Signature Reference Theater
(SRT), is a home entertainment sys-
tem of such enormous dynamic
range, accuracy, clarity and
power that listening will touch
you physically and emotionally.

Five proprietary Polk tech-
nologies, including Polk’s leg-
endary SDA imaging, are com-
bined to bring you “Performance
Without Limits”.

For more information
and the location of a Polk
SRT dealer near you, call
(800) 377 - POLK.

The SRT system consists of 38 active drive units housed in Mat thew Folk
seven enclosures (including t~o 300 watt powered subr Co-founder, Polk Audio

woofers) and o Control Cente: with wireless remofe.
u WARNING: THIS SYSTEM IS CAPABLE OF EXTREME SOUND PRESSURE LEVELS. SRT SYSTEMS ARE SUPPLIED WITH
A SOUND PRESSURE LEVEL METER TO HELP YOU DETERMINE SAFE LISTENING LEVELS.

Dealer Locator Number

‘n 1-800-992-2520 mm

B Ad code: 20012 The Speaker Specialists *
5601 Metro Drive, Baltimore, Maryland 21215 USA (410)358-3600.

“Polk Audio”,” The Speaker Specialists” and “Dynamic Balance” are registered trademarks of Polk Ivesiment Corporation used under license by Polk Audieo Incorporated.
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your old CD player. ..

It sk-sk-skips. ..

1’s slooocoococococow. ..

1€’s broken. L

It’s History.

WwWe’ll give you $100.°° for it!

Don't deep six your old CD player.
It could be worth $100 or more. Now through December 16, 1995, that ancient CD player
of yours - regardless of brand, model, or condition - is worth at least $100 in trade toward the
purchase of any new MusicBank ™ CD changer at the suggested retail price.

Think about it.

A trade-up to state-of-the-art Nakamichi performance from your outdated carousel-
or magazine-type CD player. Hey, it's history in the making. But with an offer this
good you better get down to your authorized Nakamichi dealer soon because this may
be one time that history doesn't repeat itself.

7 MNakamichi

Nakamichi America Corporation » 955 Francisco Street * Torrance, California 90502 « (310) 538-8150

MusicBank is a trademark of Nakamichi Corporation
CIRCLE NO. 43 ON READER SERVICE CARD
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DATA REDUCTION FOR SURROUND

1l of the digital sys-
A. tems proposed for
movie surround operate
on one data-reduction
plan or another. So great is
the basic data rate, and so
the
space available, that con-

small information

siderable measures must

AC-3, DTS, and SDDS
work at all. A number of
'psychoacoustical tech-
niques are beneficially ex-
ploited here; the most im-
portant of these is spectral
masking—the observation
that a tone in one frequen-
] cy band will mask tones in
a higher band if those
tones are below a certain
threshold level.

In order to make the
system work, the music
spectrum in each channel
is broken up into a set of

sub-bands. These are ana-

be taken in order to make

lyzed every handful of mil-
liseconds, and their con-
tents are compared with a
psychoacoustical “hear-
ing” model (in the form of
a lookup table). From this,
it can be determined how
many bits may actually be
required to encode the
data in a given band and at
a given level. On average.
as few as four bits may be
required, since lower leve.
signals are masked. The
system can thus function
at an average four-to-one
data-reduction ratio, since
full 16-bit quantization 1is
no longer required for ac-
ceptable sound quality.
This analysis assumes
that we are taking the prc-
gram one channel at a
time. If we look at the er.-
semble of channels, as in a
5.1 system, and encoce
them jointly, it is observed

that the system complexity 1
varies only as tae square
root of the number of ac-
tual channels. What this
means is that a five-chan-
nel system will be only V5
(about 2.24) times more
complex than a single-
channel system. Quite a
saving! |

Other tricks are avail-
able: The analysis time can
often be lengthened, and
signals in one channel can
mask those in another.
These are just two of the
possibilities.,

One of the ironies of
data reduction is that the
two systems that led up to

the current state of the art,
the Digital Compact Cas-
sette (DCC) ard the Mini-
Disc (MD), are virtually
nonexistent as market-

place entities. But their

technology liveson.  J.E. |
-

now here, and Dolby Laboratories made the
first official consumer launch of AC-3 at the
ElA-sponsored Specialty Audio & Home
Theater Show last June.

Dolby has an interesting task on its
hands. On the one hand, Dolby Pro Logic,
the stereo-based surround system, is still
growing and winning
new adherents daily.
On the other hand,
AC-3 is seen as a giant
improvement over Pro
Logic, one that cannot
be held back. After all,
think of all the movies
with digital sound
made in recent years,
waiting to be released (or rereleased?) on dis-
crete surround. And the tricky job is to intro-
duce another golden egg-laying goose with-
out interfering with the one already at work!

How will the future of discrete surround
sound for video unfold in the near future?
Some interesting points should be raised
here. It is acknowledged that the LaserDisc,
no matter how fine its quality in both pic-

THE TRICK FOR DOLBY
IS TO PROMOTE AC-3

WITHOUT KILLING OFF
PRO LOGIC.

ture and sound, is a difficult medium to
manufacture. As an analog system (for the
video portion), it is subject to myriad man-
ufacturing problems and handling prob-
lems by the consumer. Ultimately it will be
replaced by one or both of the two stan-
dards now being considered for digital
video. The Super
Density Digital Video
Disc {SD-DVD),
proposed by Time-
Warner/Toshiba and
now endorsed by an
impressive coalition
of software compa-
nies, will use AC-3 as
the primary carrier
for its surround soundtracks. The
Sony/Philips Multi-Media Compact Disc
(MMCD) camp has not decided on a sound
carrier as of this writing.

The changeover to the new CD-sized dig-
ital video media could begin as soon as next
year but will take three or four years, de-
pending on who’s doing the prognosticat-
ing. It’s going to be interesting.
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At Cambridge SoundWorks we make unique,
critically-acclaimed speakers and music
systems designed by Henry Kloss (founder of
AR, KLH & Advent). We sell them—and
camponents from companies like Sony,
Pioneer, Philips, Carver and others—t'?a,ctory
direct, with no expensive middlemen. Call
teday and find out why Audio magazine said
we may have “the best value in the world.”

» Call toll-free for factory-direct savings.

* Save hundreds on components and systems
from Cambridge SoundWorks, Sony, Pioneer,
AIWA, Harman Kardon, Philips, Carver
and more.

* Audio experts will answer your questions
before and after you buy, 8 AM-Midnight
(ET), 365 days a year-even holidays.

« 30-Day Total Satisfaction Guarantee on all
products.

« 7-Year Parts & Labor Speaker Warranty.

“Best Buy.”

PC Magazine

Add our award-
winning $219.99
SoundWorks system
to your computer,
radio, TV, or Walk
man_for
room_filling
sound and
powerful bass.

a

—
1-800-FOR-HIFI

Critically-Acclaimed. Factory Direct.

311 Needham Street, Suite 104N, Newton, MA 02164
Tel: 1-800-367-4434 Fax: 617-332-9229
€anada: 1-800-525-4434 Outside U.S. or Canada: 617-332-5936
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would have a subwoofer, you're half right.

The dual-subwoofer Ensemble” speaker system by Henry Kloss. $599% factory-direct.

Ensemble is Cambridge SoundWorks' very
best speaker system. It involves no compro-
mises in performance, no cost-saving
shortcuts. As a result, its performance stands
head-to-head with audiophile tower speakers
selling for well over $1,000 a pair, yet its
unique four-piece design literally disappears
in your room.

There is no other speaker system like it.

Designed to perform in your home -

not in a laboratory.

It has always been true that speaker
placement in the listening room has a signi-
ficant effect on the sound of any speaker
system. No matter how a speaker may per-
form in a laboratory or a specially-designed
showroom, at home the acoustics of the
listening room significantly affect the sound.

Most positions in a room where you might
place a speaker tend to emphasize one
portion of the musical range, and tend to de-
emphasize some other portion of the musical
range. For example if you place a conven-
tional speaker close to a room corner which
will enhance the bass response, that location
may hinder the upper ranges of music.

Ensemble’s unique four-piece design
eliminates this dilemma.

Big sound without the big boxes.
Ensemble consists of four separate speaker
units; two for each stereo channel. Two

powerful, but ultra-slim subwoofers repro-
duce the deep bass, while two compact
satellite units reproduce the rest of the range.
By separating the low bass from the rest of
the musical range, Ensemble is able to
reproduce just the right amount of energy
across the musical spectrum, without turning
your listening room into a stereo showroom.

“Crisp, balanced sound, stereo
imaging is phenomenally sharp-
some of the best I've heard...some
of the speakers I'm comparing it to
cost $1900 to $2800"

High Performance Review

You can place the subwoofers on the floor,
up against a wall, or in a corner - all places
that allow them to reproduce bass notes
efficiently. These locations are also often out-
of-sight, which can be a real decorating
advantage. The satellite speakers can then be
placed out in the room, at ear level, posi-
tioned to create a realistic stereo image. They
can be hung directly on the wall, placed on
shelves, or mounted on stands.

Why two subwoofers?
Subwoofer/satellite speaker systems that
use one subwoofer can and do sound terrific
(in fact, we offer a full range of single-
subwoofer systems). But for the ultimate in

breathtaking, accurate sound reproduction,
and the most powerful bass performance, you
should have two subwoofers. Here's why:

* Increased sound pressure levels and
power handling capabiliy. Quite simply,
Ensemble’s dual subwoofer system, with its
two 8" long-throw woofers, will play louder
and take more power than single-subwoofer
speaker systems, including our own. This is
even more significant if you are using
Ensemble in a home theater, since authentic
low bass sound effects in movies require
extra-powerful bass output.

Ensemble is now available with either its original
charcoal Nextel %?msﬁ with black subwogfers, or a
new version with white hand-finished satellites and

white vinyl subwogfers _for no additional charge.



Ensemble’s ultra-slim (4 1/2") subwoofers can
be put in out-of-the-way places ~ even behind
or under furniture

Ensemble’s dual subwoofers accurately
reproduce the stereo bass on some madern
digital recordings, adding to imaging realism

Ensemble’s dual subwoofers can be placed
together in a corer to achieve very high bass
output for reproducing low-frequency movie
sound effects with incredible realism

In larger rooms with big openings into other
rooms, Ensemble’s dual-subwoofer design
assures uniform bass thyoughout the room

* Uniform bass response throughout the
listening room. Depending on room acoustics
and speaker placement, a system can produce
bass “nulls” and “peaks" in different areas of

Cambridge SoundWorks “may
ha e world.”
Audio Magazine

a room, Two subwoofers can solve that
problem. To quote Audio magazine, “At low
frequencies, strong and widely spaced room
modes are occurring... some locations have a
lot of bass while others lack bass. When two
subwoofers are placed in the room, better
uniformity of bass response is obtained.”

* Ultimate placement flexibility. 1t is our
experience that room placement is the
ultimate key to real-life performance of any
given speaker in any given room.

Ensemble offers more
placement flexibility
than any other
speaker we know
of. Its subwoofers
are only 4 172"
thick, so you can
actually put them in
places where no other
subwoofer would fit: under
furniture, on top of bookshelves
or behind draperies. You can also put

one on one side of the room, and the other on
the opposite side, which turns out to be
correct placement in many cases.

s Two-channel bass on modern recordings.
Some modern recordings, especially two-
microphone recordings of full orchestral
works, have stereo bass imaging. Audio
magazine says, “Using two subwoofers
provides more realistic bass and takes

advantage of program material with fully
stereo bass.”
No compromises. No shortcuts.

Don't be fooled by Ensemble’s price. It's
affordable because of our efficient factory-
direct sales system.

* The satellites are genuine two-way
designs with separate 4" mid-bass/mid-range
drivers and 1 3/4" tweeters with integral
domes. The satellite cabinets are solidly
constructed of resonance-resistant MDF for
optimum acoustic performance. Each one is
hand-finished in scratch-resistant, suede-like
Nextel or durable white paint.

+ The speaker drivers used in the satellites
and subwoofers are of the highest quality.
The 8" long-throw woofer drivers, designed
by Henry Kloss and manufactured by
Cambridge SoundWorks, use a unique,
integrated heat sink for increased

power handling capacity.

* Each satellite and
subwoofer contains
the precise response-
tailoring crossover
circuitry it requires.

This allows you to
choose from several
different ways to wire the
entire system.
* Both the satellites and
subwoofers use gold-plated five-way
connecting posts.

* Durable, acoustically transparent metal
grilles protect the speaker drivers, instead of
the inexpensive cloth grilles used by many
systems.

+ Last but not least, the entire Znsemble
system has been painstakingly fined tuned
(or “voiced") by Henry Kloss for proper
octave-to-octave tonal balance. Because it

Are “tower” speakers better?

A great many people presume that very large. very
expensive “tower” speakers are inherently better than
subwoofer/satellite speakers. Nothing could be
further from the truth, If you were to take apart a high
quality tower speaker and Ensemble, you'd see both
use premium quality drivers, crossovers and
cabinets, The physical volume of the cabinets

enclosing each speaker driver is carefully matched
to the demands of that driver. With Ensembie you
get all the quality components and precise engin-
gering of premiur tower speakers — built into four
smaller cabinets instead of two large ones. Separate
cabinets give you room placement flexibility to get
oplimum performance in your listening room.

does not give undue emphasis to any one
octave of music, Ensemble has a rich,
ratural, accurate sound normally associated
with the best (and most expensive) of
conventional speakers under laboratory
conditicns.

“smoother than many more
expensive speakers...it is hard to
lmagzn [gozng wrong with

Ensen Stereo Review Magazine

You can spend hundreds of dollars more
for a speaker system that doesn't sound as
good. Or you can buy Ensemble- direct from
Cambridge SoundWorks, or at
Factory-Direct Speaker Walls
in Best Buy stores. 19

Factory-Direct Savings
Ensemble is available factory-direct for only
$599% with a full 30-day risk-free home
audition. Listen to Ensemble in your home,
with your music. If you aren’t happy, return
it within 30 days for a
full refund. We even
reimburse your original
UPS ground shipping
charges in the
continental U.S.

= Call today.
<~ Toorder factory-
o direct, for a free
S catalog, or for
%‘:5 4 the nearest store

location, call

1-800-FOR-HIFI

(1-800-367-4434)

SOUNDWORKS ¢

Critically Acclaimed. Factory-Direct.

311 Needham Street, Suite 104N, Newton, MA 02164
Fax: 617-332-9229
Canada: 1-800-525-4434
Outside U.S. or Canada: 617-332-5936

© 1995 Cambridge SoundWorks.
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SHOUND BOARDS

. (3
. .

udio and computer technol@ . easy r sound beards when
have long been comverging. Digital§ the bleeps and bonks

audio systems, such as CD, use com-

puter technology wholesale. while

many a tuner, tape deck, or preamp
incorporates microprocessor control. At the same time,
“multimedia” computers incorporate audio facilities
for music production (directly, as synthesizers, or via
MIDI instrument control) and for reproduction of
sounds from games, from CD-ROMs, and evea from
music CDs. Computers can record digital audio, 160,

to hard disk or to CD. s

%
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With the right sound board (or card), a computer can make the
most of game and multimedia programs and act as the centerpiece
of a digital home recording and editing studio—of sorts. Even mul-
timedia computers, which by definition include sound cards, can
sometimes benefit from an upgrade to a better card.

My intention in measuring these sound cards was to compare
their performance to the standard attainable with CD players in or-
der to see if the claimed “CD quality” label was, in fact, accurate.

The two cards tested here, Creative Labs” Sound Blaster AWE32
($399.95) and Turtle Beach’s
Monterey ($399), share a num- |
ber of useful capabilities. Both
can record and play back digi-
tal sound, with 8- or 16-bit res- |
olution, from analog sources, |
CD, CD-ROM, or synthesized
signals generated by the board
itself. Both can mix and alter
audio signals. They can control
or be controlled by musical de-
vices using the Musical Instru-
ment Digital Interface (MIDI) |
Standard, and they include joy-
stick ports for use with games
and other software.

Both cards require PC-type
computers with 80386 (or lat- |
er) processors, an empty 16-bit
slot, and at least 2 megabytes (MB) of
RAM. Users who intend to record 1
should also have plenty of hard-disk '
space available.

Beyond that, the two boards differ )
considerably. For instance, Creative Labs’
Sound Blaster offers both FM synthesis (for
backward compatibility with older pro-
grams and the generation of nonimi-
tative sounds) and the more realis-
tic-sounding wavetable
synthesis; the Turtle Beach
offers only wavetable syn-
thesis. These boards adhere to
the General MIDI specification, which defines
patch numbers for 128 musical-instrument sounds and sound ef-
fects, and they surpass the required 24-note polyphony. Both can,
in fact, handle 32-note polyphony, though the Turtle Beach goes
beyond the Standard’s minimum of 16 MIDI channels, handling 48
channels.

The AWE32 is compatible with virtually all PC games that use
sound (for which “Sound Blaster compatibility” is a watchword),
but it is not compatible with all Windows multimedia applications.
The Turtle Beach, which is compatible with those applications,
lacks Sound Blaster compatibility for games.

The Sound Blaster interfaces with the computer through direct
memory access (DMA ), which can temporarily swamp slower com-
puters if you’re processing 16-bit audio. Turtle Beach’s Hurricane

architecture allows sound data to move through the PC roughly
eight times faster,

MIDI FACILITIES

The Sound Blaster AWE32 supports the General MIDI Standard
and is compatible with Sound Canvas (GS) and MT-32 sound sets.
An onboard ROM holds 1 MB of sound samples. And since the
AWE32 uses the E-mu EMU8000 sound and effects chip, it also
supports E-mu’s SoundFont audio library of sampled sounds,
which can be downloaded into
the AWE32’s onboard 512-kilo-
byte RAM (expandable to 28
MB) for added sound variety
and flexibility.

The MIDI facilities can be ex-
panded, sometimes to near-or-
chestral levels, by plugging in
Sound Blaster-compatible
_ ' modules from Kurzweil, Roland,

1 or others. These modules add
' additional sampled sounds and
effects.

The Turtle Beach Monterey,
" which uses the Motorola DSP-

56001 chip, holds 4 MB of 16-

bit samples in ROM. Its Sam-

pleStore memory also accepts
additional wavetable samples
but can be expanded only to 4 MB. The

Monterey actually combines Turtle
Beach’s Tahiti sound card and Rio MIDI
synthesizer, physically grafted together.
Either board can apply a wide range of ef-
fects to sounds. The Monterey’s spec sheet lists
aght flavors of reverb and six of echo, plus “Fast

Dely” and “Lotsa Repeats.” Users can also program
their own effects. The AWE32’s specs list reverb, chorus,
pan, and QSound Virtual Audio.

o000 o0o0000 AUDIOFACILITIES ec0c o000 0

Turtle Beach stresses audio quality, including detailed (and im-
pressive) audio performance data in its spec sheet; many other
sound-card spec sheets (including the SoundBlaster’s) omit this in-
formation. The Monterey’s A/D converters are 16-bit sigma-delta
types, with 64-times oversampling. The 18-bit D/A converters, also
sigma-delta types with 64f, oversampling, use 8f, interpolating fil-
ters. The Motorola DSP56001 chip can perform operations like
real-time adaptive differential pulse-code modulation (ADPCM)
decompression, and provides the needed horsepower for future
multimedia standards like data compression.

All analog inputs and outputs of the Monterey are at line level, so
you’ll need an external amp, as well as speakers, to hear its output.
You can, however, hook headphones to its line output.

The AWE32 does have an amplifier, rated at 4 watts peak music pow-
er per channel into 4-ohm loads, so it can drive speakers directly. It also
has a microphone input and microphone; the Monterey does not.



eeccess HARDWARE DIFFERENCES ®® o000

Both cards require 16-bit slots, but the AWE32 is full-sized,
while the Monterey is, at 8% inches, only about 60% as long; this
may be useful in some crowded computers. The Monterey’s Rio
MIDI circuitry is on a smaller daughterboard.

The AWE32 has digital connections for use with CD-ROM drives,
and both cards have analog inputs for CD audio (see John Woram’s
sidebar “Adding Multimedia to Your PC”). The AWE32 also in-
cludes direct support for Sony, Mitsumi, and Creative Labs CD-
ROM drives, saving the space (and cost) otherwise needed for these
drives’ proprietary interface cards.

SOFTWARE
Both boards include software for mixing, record-level monitor-
ing, and sound recording and editing. Since the Sound Blaster has a
microphone, it has speech-recognition software, too. Less pre-
dictably, it also has software to read text as speech. Other Sound
Blaster software can embed WAV waveform sound files in other
files that accept OLE (object linking and embedding).

o000 oeTESTCONDITIONS AND SETUP s 0000

With sound cards, as with two-head tape recorders, you can
monitor input signals as you record, but you cannot monitor the
actual recording as you make it. However, since the recording is on
hard disk, the wait to “rewind” the recording for playback and
jump from one part of a recording to another is almost impercepti-
ble. It is technically possible, but not trivial, to monitor what is be-
ing recorded; while a few other sound cards permit this, neither of
the cards reviewed here do.

To measure various parameters as a function of frequency and
amplitude, recordings of these various sweeps are made on the
computer’s hard drive and then played back. To record stereo infor-
mation at a 44.1-kHz sampling frequency takes a lot of hard-drive
space. Each minute of recording takes up about 10.5 MB. A number
of test recordings for measurement can fill up a drive real fast, espe-
cially when Windows is installed along with a number of sound-
card-specific programs. When measuring played-back frequency
sweeps, it is relatively easy to set the Audio Precision System One
test gear to track the incoming frequency and automatically plot a
performance parameter as a function of frequency. But measuring
a played-back sweep as a function of recorded amplitude gets quite
a bit harder; the instrument loses its ability to track the incoming
amplitude at low levels, due to wideband noise from the device un-
der test. One way around this is to record a number of individual
signal amplitudes, record the playback data, and have the Audio
Precision system make a plot out of it.

I used two PC computers to do this testing, a 486DX-33 and a
486DX2-66. The Monterey was in the DX-33 along with 100- and
240-MB hard drives and 4 MB of RAM; this machine was running
Windows for Workgroups 3.11 and DOS 6.0. The AWE32 was in
the DX2-66, with a 100-MB drive and 8 MB of RAM, which was
running Windows 3.1 and DOS 6.2. (My resident lab computer, an
Everex 1800B 286, did its usual duty of running my Audio Precision
system.) I found that disk-compression and disk-caching software
(such as MS-DOS DoubleSpace and SMARTDrive, respectively)
could cause problems keeping up with the thirsty data demands of

stereo 44.1-kHz recording and playback, so these programs weren’t
used. It should be noted that these computers were set up for opti-
mal measurement of sound cards, with minimum problems. With
other computer-system configurations, available resources, etc.,
there might be some problems in recording and playing back stereo
16-bit material without interruption. In general, you need at least a
486DX-33, 8 MB of RAM, and a fast, large hard drive—despite the
lower minimums quoted by the manufacturers.

I have seen two sound-card topologies. In one, the monitor path
just goes through the linear audio circuits on the card; the AWE32
follows this pattern. The other, as used in the Monterey, sends the
monitored signal through the A/D and D/A conversion processes.
In the first case, one has to record and play back to find out the
overall record/play characteristics. In the latter case, it turns out
that the behavior in the monitor mode for measurements of fre-
quency response is substantially the same as when actually measur-
ing the record/play characteristics. Of course, you still have to
record and play back test files in order to measure all of the cards’
characteristics meaningfully.

seccoccecceo MEASUREMENTS e 000000 ee

Figure 1 shows the overall record/play frequency response of
both cards. As can be seen, the Monterey has the flatter frequency
response, with the AWE32 having more roll-off at the frequency ex-
tremes. The 20-kHz value, some —16 dB, is a bit excessive. Also, the
AWE32 has a small but noticeable (about +0.1 dB) upper-midrange
rise, presumably due to its tone-control algorithm. I would rate the
Monterey, but not the AWE32, in the CD-quality league here. How-
ever, both these cards have far less low-frequency roll-off than
many other sound cards do.
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n putting a multimedia
system together, there’s
the easy part (buying the
hardware) and the hard
part (getting it to work).
If you get a CD-ROM
- drive and sound card in a
bundled package, the bundler has pre-
sumably made sure the devices are

compatible, thus making the easy part
even easier. However, such packages of-
ten include a pair of so-so loudspeak-
ers and perhaps other stuff you don’t
really want. So you may very well de-
cide that it’s preferable to pick and
choose among available components,
in order to get just what you need
without paying for things you either al-
ready have or that you don’t want.
With that in mind, here’s a quick
overview of a few multimedia hard-
ware options for a Windows-based PC
system, followed by a few thoughts on
surviving the hard part.

CD-ROM

These days, most multimedia soft-
ware requires CD-ROM drives. For this
reason, many sound cards have built-in
controllers for such drives. Some, like
the Creative Labs Sound Blaster tested
by Bascom King, are designed to work
with drives that would otherwise re-
quire proprietary interface cards (but
such drives are rapidly disappearing).
Others have controllers for a single CD-
ROM drive using the far more common
small-computer systems interface
(SCSI) connections. If a card is de-
signed to control a drive you already
have or if you just know you’ll never
want to add another SCSI device (say, a
second CD-ROM, another hard drive,
or some other peripheral), then such a
sound card offers an efficient means to
get up and running with minimal fuss.
But the same option becomes redun-
dant if you already have a SCSI con-
troller on board or becomes limiting if
you expect to add additional devices in
the future. In that event, you can get
more bang for your buck by buying a
sound card that omits the SCSI connec-
tor. Use the controller you already have,

or get one that supports more than one
device.

Many new computers have Extended
IDE (EIDE) or ATAPI hard-disk inter-
faces; EIDE/ATAPI CD-ROM drives are
now becoming available. But most of
the computers in the field that don’t al-
ready have multimedia facilities pre-
date EIDE. And since most of the CD-
ROM drives now available require a
SCSI controller, I’ll concentrate on
SCSI drives.

If your computer does not already
have a SCSI controller, you’ll probably
need one to support a SCSI CD-ROM
drive. But if your system is already set

turn it over, and search for a tiny
jumper on the drive’s circuit board.
With luck, you won’t have to bother
with this if the controller itself becomes
an intermediate device in the SCSI
chain. For example, the Future Domain
controller mentioned above has an
auto-termination circuit that senses the
controller’s location in the chain. If it
finds the device is at either end, termi-
nation is enabled; otherwise, it’s not.
As another consideration, every SCSI
device must have a unique ID number
(0 to 7). The controller itself is ID 7,
while 0 and 1 are usually reserved for
hard disks. If the new CD-ROM drive is

ADDING MULTIM
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up for SCSI, you certainly don’t need
another controller just for the sake of
this drive. If your system does not al-
ready have one, add a Future Domain
SCSI Controller Kit for support of up
to seven SCSI devices. The kit’s adaptor
card supports both internal and exter-
nal devices.

In assembling or modifying any mul-
timedia hardware system, don’t over-
look the SCSI terminators that must be
enabled on the devices at either end of
the physical chain and disabled every-
where else. For example, if you already
have a SCSI controller and hard drive,
both devices are presumably terminat-
ed. If you attach a CD-ROM drive to a
connector on the flat cable between the
controller and the hard drive, then its
termination must be off. However, if
the new drive is placed at either end of
the signal chain, then its termination
must be on and the termination on the
device now in the middle of the chain
must be off. If you need to disable ter-
mination on a SCSI hard drive, you
may have to remove it from the system,

the only other SCSI device in the sys-
tem, set its ID to any number from 2 to
6. Otherwise, just make sure the num-
ber does not conflict with some other
device already installed. The appropri-
ate ID is usually set by a DIP-switch
block on the drive’s rear panel. Note
that the ID number is simply a logical
designator and has no relationship to
the device’s physical position in the
SCSI chain.

As a final interface consideration,
note that a CD-ROM may contain au-
dio in any of three formats: Conven-
tional CD audio (16-bit PCM at 44.1
kHz), MIDI sequences and instruc-
tions, or waveform (.WAV) files. Con-
ventional CD digital audio is converted
to analog at the drive itself; only this
signal can be heard at the drive’s front-
panel headphone jack. An external
CD-ROM drive has twin RCA

by John M. Woram




phono jacks on the rear panel, while an
internal drive usually has a three- or
four-pin Berg connector on its rear
panel. In either case a dedicated cable
carries analog audio from the CD to the
sound card. An external drive’s analog
output can be easily connected to the
line input jack on the card’s adaptor
bracket or routed to an external amp.

A bit more attention must be paid to
the digital interface cable between an
internal drive and the sound card,
which handles MIDI and .WAV files.
Although a recent MPC (Multimedia
PC) Level 2 spec lists pin 1 to 4 assign-
ments as left, ground, ground, and

right, the pins on many sound cards
don’t conform to this standard. For ex-
ample, the pins on one popular sound
card are left, (common) signal ground,
right, and chassis ground. As a result,
an MPC Level 2 cable connected to this
card will feed only one audio channel
(left or right, depending on which way
the connector is placed over the pins),
with the other channel shorted out.

As a compatibility test, I tried to
match an MPC-2 CD-ROM drive with a
noncompliant sound card. Since the ca-
ble supplied with the drive did not
match the sound-card connector, I
called various multimedia vendors to
see what could be done to resolve this
problem. Only one (NEC) responded,
immediately sending out a complimen-
tary adaptor. The rest either had no
suggestions or simply ignored my in-
quiry. And so, a word to the wise: Be
prepared to rewire your own cable, or
else make sure this won’t be an issue be-
fore making a purchase.

Once the hardware interface is com-
plete, it’s time to tackle the other half of

| in CONFIG.SYS:

the difficult part, which is the software
support. Since CD-ROM drive support
is not built into the disk operating sys-
tem (MS-DOS versions up to 6.22), a
software device driver must be loaded
into memory as the system starts up. In
addition, the data structure on a CD-
ROM does not match that found on
conventional diskettes and hard disks.
Therefore, the Microsoft CD-ROM ex-
tensions file (MSCDEX.EXE) must also
be loaded. To help keep things confus-
ing, the device driver is loaded via the
CONFIG.SYS file, while the extensions
are loaded in the AUTOEXEC.BAT file.
And as if that’s not enough, both lines
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must contain a common driver signa-
ture so that the driver and the exten-
sions can find each other. Accordingly,
you should find lines such as these in
your own startup files:

device=filename.SYS /d:MSCD000

in AUTOEXEC.BAT:
C:\DOS\MSCDEX.EXE /d:MSCD000

In practice, filename.SYS will be the ac-
tual name (and path, if necessary) for
your own device driver. This example
assumes the CD-ROM extensions file is
in the C:\DOS directory, although
yours might be in the CAWINDOWS
directory or perhaps elsewhere. Finally,
note that the common driver signature
(/d:MSCD000, in this instance) appear:
on both lines.

Assuming the CD-ROM drive is
physically installed and lines such as
those shown above are in your own
startup files, basic DOS functions
should work once the system is up and

running. In other words, you should be
able to log onto the drive, view a direc-
tory listing, copy files from a CD-ROM
to the hard drive, and so on.

Saving the worst for last, the final
step is to configure the sound card’s in-
terrupt request (IRQ), direct memory
addressing (DMA), and input/output
(I/O) port address. The sound card uses
its assigned IRQ line to let the comput-
er’s microprocessor know when it
needs attention or else turns to DMA to
bypass the CPU and communicate di-
rectly with computer memory. The [/O
addresses identify the ports by which
data flows back and forth. Needless to
say, all three parameters must be select-
ed with care so that sound-card opera-
tion won’t cause a conflict with other
devices that also use one or more of
these services. Depending on the specif-
ic sound card, you may need to specify
these settings via jumpers or switches
on the card and/or by setting software
parameters.

No matter what settings you or the
setup procedure select, one thing is fair-
ly certain: Initially, it won’t work. Mul-
timedia devices seem to have a talent—
some might call it a gift—for finding a
configuration that will conflict with at
least one other device. As a result, you’ll
be treated to an endless ding-ding-ding
loop cr some other indignity when you
try to access the system. The usual cure
is to change an IRQ and/or DMA set-
ting until you find the combination
that works. If you know what settings
are taken by other devices, then the
work is half done; just choose other val-
ues. But if you’re not sure about this,
then a certain amount of guesswork
may be in order. If all else fails, try IRQ
7,10, 0r 15 and any DMA setting from 4
to7.

If you think there should be a sim-
pler way, there is: In most cases, Mi-
crosoft’s new Windows 95 eliminates
the need for the AUTOEXEC.BAT and
CONFIG.SYS lines cited earlier, as well
as doing a pretty good job of finding,
and using, multimedia settings that
won’t cause trouble with any of your
other hardware devices.
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With either card, when square waves were recorded and played
back (not shown), the ringing at their leading and trailing edges
were mirror images of each other. This shows that both cards have
essentially linear phase characteristics, a desirable quality that’s
typical of digital audio devices
and a function of using finite-
impulse response (FIR) filters.

Figure 2 shows both cards’
THD + N at full-scale input
level as a function of frequen-
cy. The measurement filter |
bandwidth was 22 kHz, in or-
der to get the best picture of
in-band distortion values. The |
high value of distortion near |
20 kHz for the AWE32 has two
causes. The Sound Blaster is
generating real difference |
tones here. However, the mea-
surement is also a bit inflated §
because it is expressed as a per- |
centage of the signal level in a |
region (18 to 20 kHz) where
the actual signal level is rolled |
off, as was shown in Fig. 1. As a
point of reference, a good CD
player would have distortion values between
0.002% and 0.003%. Many separate D/A con-
verters measure in the range of the Monterey.
The AWE32’s somewhat higher THD + N would
not be considered CD quality.

Figure 3 shows both cards’ THD + N for a 1-
kHz signal as a function of recorded input-sig-
nal amplitude, with a measurement band-
width of 400 Hz to 22 kHz. This test
reveals distortion artifacts at lower
levels, such as idle-tone generation.

TABLE |—Record/playback S/N ratios, in dB.
CREATIVE LABS SOUND BLASTER AWE32
Bandwidth LEFT RIGHT
Wideband 67.6 67.0
22 Hz to 22 kHz 76.6 75.8
400 Hz to 22 kHz 77.1 76.5
A-Weighted 79.3 78.8
TURTLE BEACH MONTEREY
Bandwidth LEFT RIGHT
Wideband 68.6 68.9
22 Hz to 22 kHz 83.9 86.2
400 Hz to 22 kHz 84.3 86.8
A-Weighted 86.3 88.4

At levels below full scale, where the highest distortion occurs, it is
frequently just a measure of noise. In the case of the Sound Blaster
AWE32, there is some distortion at full scale {an innocuous
0.035%), which quickly disappears in the noise at about 10 dB be-
low full scale (dBfs). More sig-
nificant, the general noise level
of the AWE32 is about 10 dB
greater than the noise level of
the Monterey.

Deviation from input/output
linearity, or correspondence of
output for a given input, is
shown in Fig. 4. (The zero refer-
| ence level for the Monterey has
been displaced 6 dB for clari-
ty.) Again, the Monterey is the
winner here. I might add,

however, that some high-
end D/A converters have
measured worse than

the AWE32 in this test.

The interchannel
crosstalk (not shown) for
both cards indicated some
capacitive coupling, in that the
crosstalk increased with fre-
quency at a rate of 6 dB per octave,

The Monterey’s crosstalk was more uni-
form in the two directions; it was better
than -90 dB up to about 350 Hz, -70 dB at 4
kHz, and about —58 dB at 20 kHz in the right-to-
left direction, and was about 3 dB better yet when
going from left to right. In both directions, the AWE32’s
crosstalk was better than that quoted for the Monterey
from 20 kHz down to 1.3 kHz, with left-to-right crosstalk lev-

elling off to abou: —90 dB in the region from 50 to 100 Hz, while
right-to-left crosstalk stayed below —90 dB up to about 1.7 kHz and
finished at about —64 dB at 20 kHz. All in all, pretty good crosstalk
performance for a piece of audio gear in general, but not as good as
the better CD players and external D/A converters can do.

Signal-to-noise ratios at various measurement bandwidths are
enumerated in Table I for both sound cards. For these measure-
ments, the line-level inputs that I was using for recording were ter-
minated in 25 ohms and turned fully up, while other inputs were
turned down. Noise levels for the AWE32, previously commented
on, are some 15 dB higher than good CD player performance. The
Monterey is closer to CD performance.

Input impedances for the line-level inputs were about 115 kil-
ohms for the AWE32 and about 62 kilohms for the Monterey.

Output impedance at the line outputs was about 70 ohms for ei-
ther card. The Monterey could easily drive a load of 600 ohms or
even lower impedance, such as 40- or 50-ohm headphones, with
relative ease. It would put out about 600 mV at about 0.01% distor-
tion into the Joseph Grado Signature HP-2 headphones I used for
some of the listening tests. By contrast, the line output of the
AWE32 could put out about 73 mV into the HP-2 ’phones (and



some 800 mV at the onset of clipping into a 600-ohm load, which
should be totally adequate for line out use). Of course, higher pow-
er demands for headphones and speakers can be satisfied by the on-
board power amplifier. Neither card’s measured performance was
affected by the IHF load of 10 kilohms in parallel with 1,000 pF,
which means that they should drive any practical load.

The AWE32 inverted signal polarity, both in its monitor output
mode and when playing back a recording. The Monterey main-
tained input-signal polarity in both modes.

I noticed something else when checking the AWE32 card for sig-
nal polarity. In order to avoid overloading the AWE32’s line input
circuitry, I put a 50-kilohm stereo volume-control box between this
input and the output of the external D/A converter that was con-
verting my test generator’s digital signals to analog. When I hap-
pened to switch my test generator from the polarity-test waveform
to a 1-kHz sine wave, I noticed that the distortion from the AWE32
was about 0.15% at full-scale input in monitor mode, even though
it had been only about 0.033% when fed directly from the Audio
Precision’s analog output. It turns out that the AWE32’s line input
circuitry is sensitive to source impedance, and the output imped-
ance of the external volume control (10 to 20 kilohms, at the vol-
ume settings I used) caused this distortion increase.

The meter facilities for setting record levels were accurate
enough, and were set for 0 dB in the case of the Monterey’s VU me-
ters and full deflection in the bar-graph display in the AWE32. Both
systems appeared to respond to the program’s peak, rather than av-
erage, level.

" USE AND LISTENING TESTS

To test the sonic attributes of these sound cards, I brought a
Parasound C/DP-1000 CD player/transport into the lab, recorded a
number of pieces of music on both sound cards, and then played
them back through a pair of Grado HP-2 headphones. I compared
the sound of the source in monitor mode with the playback. Gener-
ally, I was impressed. Both cards sounded pretty damn good. How-
ever, I could easily hear small pops and clicks with both cards at the
start and finish of a recording. The 2-V full-scale output of the CD
player would overload the circuitry of the AWE32’s line input,
which really surprised and annoyed me. No amount of juggling the
input gain or input level with the AWE32’s mixer software fixed this
problem; I had to reduce the actual input level to the card (which I
did with my volume-control box). Without testing, I presumed that
the CD input, internally accessed via a connector on the card, has
appropriate input signal acceptance. By contrast, the Monterey’s
mixer application has a neat input-level sensitivity adjustment, and
the card easily accepted the 2-V full-scale signal.

I then took both computers into my lis- _ :
tening room and set them up to work with ﬁ'ﬂ,\ﬁ:rﬁ;

my main sound system. Here, the Para- bbiblnad

sound CD player fed a First Sound II pas-
sive signal selector and volume control that,
in turn, fed the inputs of a pair of Cary Au-
dio CAD-805 single-ended triode ampli-
fiers. The CAD-805 amps drove my resi-
dent B & W 801 Matrix Series 3 speakers.
This let me compare the sound of the
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source coming directly from the CD player with the playback from
the sound cards, by switching the First Sound’s input cable between
sources. [ felt the Monterey softened the sound a little and set the
soundstage a bit farther back, but otherwise, it sounded quite good.
The AWE32 had a tendency to be a little edgy and to reduce the
sense of dimension and space in recordings with good ambience.
Otherwise, it sounded pretty good too. Overall, I preferred the re-
production from the Monterey.

At a reasonable playback level, I listened to the noise out of the
speakers with both cards, though I could hear a little hiss from the
AWE32 that wasn’t audible with the Monterey. True, this was with
my head in the speakers—but at high playback levels with speakers
real close, as in typical multimedia setups, the noise from the
AWE32 could be audible. Nevertheless, [ think either card would
satisfy most sophisticated multimedia users.

The application software that I used consisted of the sound mix-
ers supplied with each card, which I used for level setting, muting
inputs, etc. Although the AWE32 comes with
an excellent Windows record and playback ap-
plication (the Monterey doesn’t have Windows
record/playback software), I used WinDAT
from Voyetra Technologies for recording and
' playbaek with both sound cards.

Despite their differences, I liked both
" boards. I plan to buy the two of them for use
with my computer programs, for experi-

A

ment, and for just plain fun.

AUDIO/NOVEMBER 1995

41



H

Rudy has grantecj;’in his 40 .

ducted in his Englewood
y 4

g his history

orld that you have set

how do you continue to maintain consis

it to be done here. It’s not that
‘need to be involved in the whol

irom me, which is the reason they
lihat before we can do anything.

T

jogity of his priles
écording. indust

jazz recordingsfo - the past 40 years. In an erEr-changing industry,
[ nt quality in your

ing. By “my own,” I
fluence what it is.
rocess—up to and
e finished product—in order to give

S is really the onl
. It’s not because i

essseelihonccsssncaccssrncnssssssssanc

ublo

NTERVIEW

BY JAMES R0Ozzi

s, New Jersey, studio, a gorgeou

cility just acrosg the Gég e Washington Bridge from Manha&i

Views,

the standards for

my clients what
oming here. They:

®psesvscasssaasl

AUDIO/NOVEMBER 1
42

The point is that I'd like to have at least some
measure of control over the finished sound be-
fore it’s sent for replication to the plant.

This is contrary to the way most studios work.
The business, at least from my viewpoint, has
really become fragmented—more like the
movie industry. There are engineers who do
jazz recording who don’t own the studio and
don’t have anything to do with the mainte-
nance, ownership, or operé of the studio.
They just go to astud
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which tells your CD player to go to track
one when you put a CD in and press “play.”
The information that makes this possible
has to be incorporated on the CD. The DAT
must be transferred to another medium
that incorporates this information. This
studio uses a CD-R. Prior to the CD-R,

1630 was the de facto standard. I consider

4

that now obsolete. Most recording studios
do not get involved in this process.

If most recording studios don’t get involved
in digital post-production, then how is it
commonly done?

The very fact that most recording studios
don’t care to do it has created the existence
of what are called mastering houses. They
don’t have studios. They don’t even have a
microphone. They just put the numbers on
there and then transfer from one medium
to another.

Why are you so concerned with accom-
plishing this process yourself? Isn’t the
equipment expensive?

Yes, it’s very expensive, very difficult to ac-
quire and maintain. The problem is that
there can be processing at this stage, quite
extensive processing.

H uUDIO INTERVIEW

Intentionally changing the sound from
that of the DAT?

Intentionally changing the sound! Chang-
ing the loudness to softness, the highs to
lows. Yes, it’s a very elaborate procedure; it

ve mac[e ll/wmanc/é 0/ o[)

is a part of the recording process that most
people don’t even know exists.

Who is responsible for making the decision
to alter the sound at this late a stage in the
recording process?

Whoever is following the course of the pro-

" ject, usually whoever is paying for it or their

representative. 'm now defining why I in-
sist on doing everything myself. And you
can extend this into the reissue process too.
Reissuing is nothing but post-production.
The people who were originally involved in
the recording are no longer there, or they
no longer own it. These mastering decisions
on reissues are being made by someone
else, someone affiliated with the company
who now owns the material.

What are your feelings on issuing alternate
takes?

Now, to me that’s just a sad event which has
befallen the record industry. The rejected
outtakes have been renamed “alternate
takes” for marketing reasons. It’s a disser-
vice to the artist. It’s a disservice to the mu-
sic. It’s also rampant throughout the land,
and I'm just telling you how I feel about it. 1
would recommend to all musicians: Don’t

masters, i

let the outtakes get out of your hands. Of
course, that may be easier said than done.
You must be disappointed by much of what
has been released as alternate takes.

Yes, when 1 hear some of this stuff, I’'m re-
minded of all the problems I had, particu-
larly on these outtakes. It’s like reliving all
of the difficulties of my life again. So I don’t
take a lot of pleasure in that because | know
I can do a lot better now, and all that does is
reinforce my uneasiness. Of course, when it
was a recording problem, the music was
usually still so good that it was worth it to
me. And the fact that it’s still being heard—
in many cases being heard better than ever
before—is an incredible experience. And
it’s clean, with no noise. I don’t like to com-
plain too much.

I feel that way very often myself, the way
you described, being able to hear the music
better than ever. I’m not a person who
locks into the sound as closely as I do the
music. The music is all-important to me,
but sometimes I become distracted by how
bad the sound is. It seems that a big prob-
lem in translating those old recordings
onto CD is the sound of the bass. It be-
comes very boomy.

Well, you can’t blame that entirely on the
people who are doing the mastering. That
particular quality is inherent in the record-
ing techniques of the time—the way bass
players played, the way they sounded, the
way their instruments sounded. They don’t
sound like that now. The music has
changed the way the artists play. Now
everything has got to be loud. A loud drum-
mer today is a lot louder than a loud
drummer of 30 or even 20 years ago. It’s all
relative. But as far as that certain quality
you’re talking about, some of it is very
good, by the way. There were some excellent




bass recordings made at that time because
the bass player and I got together on what
we were trying to do.

Considering the reverence given to the his-
torical Blue Note recordings and the fact
that they were accomplished direct to two-
track, do you get many requests nowadays
to record direct to two-track?

Usually they say, “I want to go direct to two-
track like the old days.” And I say, “Sure, I'll
do that.” I can still do it, or we can record to
the 24-track digital machine. As far as the
musicians are concerned, regarding their
performance out in the studio, that’s trans-
parent to them. There’s no difference in the
setup. I sort of think two-track while I'm
recording and actually run a two-track
recording of the session, which very often
serves as the finished mix. But this is the
real world now. The musicians will listen to
the playback, and the bass player will say,
“Gee, I played two bad notes going into the
bridge of the out-melody. Can you fix that,
Rudy?” Now, it used to be that when a client

asked for a two-track session, I would never
run a multitrack backup. They didn’t want
to get involved in it, for money reasons.
They didn’t want to spend the money for
the tape or didn’t want to have to mix it af-
ter the session. [ went along with that for a
long time. But the bass player would still
come in, hoping to fix wrong notes, and I'd
sit there like a fool and say, “Well, I can’t do
anything about it. The producer didn’t
want to spend the money for multitrack-
ing.” So I decided I wasn’t going to do that
anymore. I think of it as a two-track date—
we're talking about a small acoustic jazz
band now, not any kind of heavy produc-
tion thing—and I run a multitrack backup.
Then when the bass player asks to fix a cou-
ple of notes, I look at the producer or who-
ever is paying for the session, and that be-
comes his decision, not mine. He now has
to answer the bass player.

So the final product may consist of both
multitrack and two-track recordings?
That happens. Right. And my life is a lot
happier. And the producers have come
around a little bit too.

AN

ELDER

How did you first become affiliated with
Alfred Lion of Blue Note Records?

There was a saxophone player and arranger
by the name of Gil Mellé. He had a little
band and a concept of writing, and I
recorded him. This was before I met Alfred.
I recorded it in my Hackensack studio in
my parents’ home. So somehow—and I was
not a party to it—he sold that to Alfred to
be released on Blue Note. And Alfred want-
ed to make another one. So he took that
recording to the place he was going. It hap-
pened to be in New York at the WOR
recording studios. He played it for the engi-
neer, who Alfred had been using up until
that time, and the engineer said, “I can’t get
that sound. I can’t record that here. You'd
better go to whoever did it.” Remember, |
wasn’t there; this is how it was related to
me. And that’s what brought Alfred to me.
He came to me, and he was there forever.

i bl s the LDy

Those Blue Note records, they’re just so
beautiful. ...

Masterpieces.

Did Alfred and you work at producing
those jazz masterpieces? Did he have you
splice solos?

Yes, he did. He was tough to work for com-
pared to anyone else. He knew what he
wanted. He knew what that album should
sound like before he even came into the stu-
dio. He made it tough for me. It was defi-
nitely headache time and never easy. On the
other hand, I knew it was important, and he
had a quality that gave me confi-

dence in him. The whole burden

of creating for him—what he

had in mind—that was mine.

And he knew how to extract the
maximum effort from the musi-

cians and from me too. He was a master at
that. I think one of the reasons our relation-
ship lasted so long was because he listened
to what other people were doing parallel to
our product. I don’t believe he ever heard
anything that was better than what we were
doing. I have no doubt that if he had heard
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someone doing it better than what [ was
doing, he would have gone there. But he
never did, and that made it possible for me
to build this studio. | knew he was always
there.

Once you developed that sound, you knew
exactly what to do initially. When the mu-
sicians walked in, you knew right where
everything should be regarding micro-
phone placement and all of that. And you
went from there. From that point, it was
just minor alterations according to that
session.

That’s very well put, and do you know why
that was? Because Alfred used to come here
often. He used to bring the same people out
in various combinations. They all knew
what T was like. Everybody would come in
and know exactly where their stand was,
where they would play. It was home. There
were no strangers. They knew the results of
what they were going to do. There was nev-
er any question about it, so they could focus
on the music.

Then when Bob Weinstock of Prestige
Records started with you, there was that
whole crowd of musicians, sometime cross-
ing over personnel.

Well, Weinstock would very often follow Al-
fred around, but with a different kind of
project in mind. And you know, when I ex-
perimented, I would experiment on Bob

< Weinstock’s projects. Bob didn’t think
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much of sound; he still doesn’t. He doesn’t
care. So if I got a new microphone and |
wanted to try it on a saxophone player, |
would never try it on Alfred’s date. Wein-
stock didn’t give a damn, and if it worked
out, great. Alfred would benefit from that.

I've always thought of the Prestige dates as
a mare accurate indication of what was
happening in the clubs. Although I know
that after a Blue Note session wound

ooa/ r[.c[a/ance.

down, the musicians could go out into the
clubs and play original tunes, with Pres-
tige it was mostly standards. That’s what
they went out and jammed on. And that
deserves documentation as well.

Absolutely. I agree with that, and I've said
so, though not as well as you did. I wouldn’t




want the world to be without them. There
are people who say that the difference be-
tween Blue Note and Prestige is rehearsal.
That’s just glib. That’s bullshit. That’s not
even a fair way to put it. It resulted in a lot
of my favorite recordings. You know, those
Miles [Davis] Prestige things . . . they can’t
hurt those things. It’s really one of the most
gratifying things I’ve done, the fact that
people can hear those. It’s really good.
When you were in the control booth listen-
ing to the sessions, were you ever aware
that those sides would end up as classics?
Well, you can’t see into the future. I had no
way of knowing that. But | knew every ses-
sion was important, particularly the Blue

it
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more toward trying to commercialize jazz
music. You’re familiar with his CTI label?
That’s another world altogether. That’s
when we started to be conscious of the
charts. I love the sound of strings, particu-
larly the way Creed Taylor handled them
with Don Sebesky. And 1 love an exciting
brass sound too. Creed is a genius as far
as combining these things that we’re talk-
ing about. ’'m not at all isolated in the
world of a five-piece be-bop band. As a
matter of fact, sonically, this other thing is
more rewarding.

Where does it come from? The engineers.
You’ve noticed they’ve attributed the sound
to the medium. They say digital is cold, so
they’ve given it an attribute, but linear digi-
tal has no attributes. It’s just a medium for
storage. It’s what you do with it. A lot of this
has to do with the writing in consumer
magazines. They've got to talk about some-
thing. What should be discussed is the way
CDs are being marketed as 20-bit CDs, but
there is no such thing as a 20-bit CD. Every
CD sold to the public is a 16-bit CD. You
can record 20-bit and it is better than 16-
bit, but it has to be reduced to 16-bit before
you can get it onto the CD. History is re-
peating itself. It reminds me of when they

j/w music Aad cAcmgec/ lL/Le way L%e arlists /o/étg.

Note stuff. The Blue Note sessions seemed
more important at the time because the
procedure was more demanding. But in ret-
rospect, the Prestige recordings of Miles
Davis, the Red Garland with Philly Joe
Jones, the Jackie McLean and Art Taylor, the
early Coltrane—sessions like that—turned
out to be equally if not more important.
always felt the activity we were engaged in
was more significant than the politics of the
time, to the extent that everything else that

ow every L%[ng

was happening was unimportant. And I still
feel that way. I treat every session . . . every
session is important to me.

Have you done any classical or pop?

There was a long period of time parallel to
those years when 1 was working for Vox, a
classical company. I would get tapes from
all over Europe and master those tapes for
release in this country. I did that for 10
years or more. So I had three things going:
Blue Note, Prestige, and Vox. Each of them
was very active. And 1 did some classical
recordings: Classical artists, solo piano
recordings, a couple of quartets.

How about pop?

A lot of that popular stuff came with Creed
Taylor later in the ’70s. He was oriented

What are your feelings on digital versus
analog?

The linear storage of digital information is
idealized. It can be perfect. It can never be
perfect in analog because you cannot repro-
duce the varying voltages through the dif-
ferent translations from one medium to an-
other. You go from sound to a microphone
to a stylus cutting a groove. Then you have
to play that back from another stylus wig-
gling in a groove, and then translate it back

has to be loud.—

to voltage. The biggest distorter is the LP it-
self. 've made thousands of LP masters. [
used to make 17 a day, with two lathes go-
ing simultaneously, and I'm glad to see the
LP go. As far as I'm concerned, good rid-
dance. It was a constant battle to try to
make that music sound the way it should. It
was never any good. And if people don’t
like what they hear in digital, they should
blame the engineer who did it. Blame the
mastering house. Blame the mixing engi-
neer. That’s why some digital recordings
sound terrible, and I'm not denying that
they do, but don’t blame the medium.

A lot of people argue that digital is a cold-
er, sterile sound. Where do you think that
comes from?
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marketed mono recordings as “remastered
in stereo.” All they did was put the highs on
one side, put the lows on the other, and add
a lot of reverb to make it believable. Then
they’d sell it as a stereo record.

Do you feel today’s jazz musicians stack up
to the players of the 1950s and ’60s, Blue
Note’s heyday?

Well, there are a lot of great kids around.
You know, technically they’re great. 1 feel
they’re suffering from a disadvantage of not
being able to play in the kind of environ-
ment that existed then. You don’t want me
to make a broad statement saying, “Gee
whiz, it was better 20 years ago than it is
now.” First of all, I don’t believe that. I
don’t even think of it that way.

Do you see yourself as a technician and an
artist?

Absolutely. When you mention the techni-
cal end, the first thing I think of is making
sure all the tools are working right. The
artistic part is what you do with them. The
artistic part involves everything in this
place. There’s nothing here that isn’t here
for an artistic reason. That applies to the
studio. The whole environment is created to
be artistic. It’s my studio and it’s been this
way for a long, long time, and people like it.
It’s even mellowed through the years, and
people are aware of that. Musicians are sen-
sitive to that. Someone came in here only
yesterday and said, “If the walls could re-
peat what has happened here. .. .” A
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Once in a while an idea
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of-the-art. We feel our new

ST Scrics amplitiers exemplify

this unique distinction

A new approach to low-noise,

low distortion signal-path

has produced a line of

amplifiers which is actually

quicter and more transparent

than any source marcerial

currently available.

Bruston ST amplifiers, from the top: 8B ST 4 channel 120 wpe, 5B ST 3 channel 120 wie,
4B ST 250 wpe stereo, 7B ST 500 wetts mono. Not shown is the 3B ST 120 wpc steveo.

The Bryston 3T innovation: our
ultra-linear “input buffer-with-
gamn” substantially lowers the
distortion ard inherent noise

floor — hear ng is believing.

Comnpletely separate power
supplies for each channel =limi-
nat= any crosstalk to ensure firm
focus and completely accurate

imzging of musical instrumr ents.
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EDWARD J.

FOSTER

- NAKAMICHI
DRAGON CD CHANGER
AND DRAGON DAC
D/A CONVERTER

The Nakamichi Dragon has
emerged from his lair in Ko-
daira. His fiery breath can be
felt halfway around the
world. He’s entered my lab
in Connecticut and stalked
my listening room. This is a

new Dragon, not an upgrade
of the original Dragon cassette deck (now
discontinued) or a turntable like the Drag-
on-CT. This is a modern Dragon, a CD
changer built around Nakamichi’s Mu-
sicBank mechanism, plus an accompanying
D/A converter that uses Nakamichi’s En-
hanced Linearity DAC.

The new Dragon comes as four physical-
ly separate components: A seven-disc Mu-
sicBank changer, a converter, a unit com-

bining the power supply with the system’s
main controls, and a wireless infrared re-
mote. Although the changer has its own
converter, Nakamichi
does not intend to sell
it separately. This
Dragon is a family an-
imal. And although
the Dragon DAC
could stand alone (as-
suming a power sup-
ply were available for
it), it too will be sold
only as part of the system, which will set
you back a tidy $9,700.

This Dragon makes a visual as well as an
aural statement. It looks like no other CD
player I’ve seen, though it does bear a fami-

AUDIO/NOVEMBER 1995
48

THE DRAGON MAKES
A VISUAL AS WELL AS
AN AURAL STATEMENT,

LOOKING LIKE NO OTHER
HOME CD CHANGER.

ly resemblance to the Nakamichi 1000 car
system (reviewed in the June 1995 issue).
The changer and DAC are housed in identi-
cal enclosures, of heavy extruded alu-
minum, that have three massive ribs run-
ning front to back, on top and bottom, and
two similar ribs on each side. The alu-
minum is finished in high-gloss black. Each
enclosure is mounted by its side ribs to
high-gloss rosewood side pieces more than
1Y2 inches thick. Rubbery feet at the front
and back of each block are the only contact
with the mounting surface. This arrange-
ment is said to form the first line of defense
against external vibration. The wood and
feet absorb vibration, and the system is bal-
anced so that vertical shock from the
mounting surface has minimal chance of
affecting the mechanism or electronics.

As a second line of defense, the Mu-
sicBank changer mechanism is mounted on
a steel subchassis that floats on viscous
dampers, isolating it from external vibra-
tion along all three axes. Any minuscule vi-
brations set up by the mechanism are sup-
pressed with dual internal dampers.

The third line of defense against outside
forces is the “Air Shield” chassis. The joints
between the two halves of the aluminum
extrusions, as well as those between chassis
and front and rear panels, are sealed with
elastomeric gaskets. The front surface is
machined from 10-mm aluminum and
hinged in the middle. To load discs, two
thumbscrews are released, and the upper
half of the panel hinges down. This reveals
seven illuminated buttons with lit numbers
beneath each. When a button is pressed, a
loading tray emerges. When the button is
pressed again, it draws the CD into the
mechanism to load it into the appropriate
slot on the “stocking”
elevator. As the tray
loads, it does a little
shuffle to settle any
out-of-kilter disc into
the well. What a nice
thought! After as
many as seven discs
have been loaded, the
upper half of the door
is raised and sealed against a foam gasket
with the two thumb screws.

As mentioned earlier, the DAC and
transport are housed in identical enclo-
sures, as Nakamichi believes that its
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“Tri-Stage Isolation” is just as important in
preventing sound-debilitating jitter in the
electronics as it is for preventing problems
in the transport. In fact, Nakamichi is so
strong on its Air Shield design that both
DAC and changer come with sealing screws
to plug the holes left in the housing when
the shipping bolts are removed.

The Dragon PS power supply/controller
is much smaller, but it, too, is in a high-
gloss black aluminum case mounted be-
tween high-gloss rosewood side rails that
hold it above the mounting surface (albeit
not with the isolation used for the Dragon
CD and the Dragon DAC). Five buttons are
spread across the front, below the display.
From left to right, these are “Power” (off or

standby), “Play/Pause” (which doubles as
power on), two “Disc” select keys (one to
switch to the next higher numbered slot,
the other 1o the next lower one), two
“Track” skip buttons (which double as cue-
ing controls when held down), and a final
button, “Digital Input,” that toggles be-
tween the Dragon DAC’s A and B inputs.
The remote matches the rest of the sys-
tem. You'll find no plastic here; the heavy
aluminum housing is finished in high-gloss
black with glossy rosewood sides. There are
14 buttons; seven provide direct access to
any disc, and an eighth chooses random
play of all tracks on all discs. Any of these
eight serves to turn on power, as does the
play/pause control. Discs can be selected by

SPECS

CD CHANGER

D/A Converter Type: Dual, 18-bit with
eight-times oversampling digital filter.

Wow & Flutter: Below measurement
limits.

Frequency Response: 10 Hz to 20 kHz,
+0.5 dB.

THD: 0.008% or less at 1 kHz and 0 dB.

S/N: Greater than 92 dB, IHF A-
weighted.

Dynamic Range: Greater than 90 dB.

Channel Separation: Greater than 88
dB.

Analog Output Characteristics: Level,
1.5V for 0 dB at 1 kHz; impedance,
600 ohms.

Digital Output Impedance: 75 ohms.

Dimensions: 12% in. W x 5% in. H x
11% in. D (32.1 ¢m x 14.8 ¢m x 29.9
cm).

Weight: 18 lbs., 11 oz. (8.5 kg).

D/A CONVERTER

Type: Dual, 20-bit, push-pull with eight-
times oversampling digital filter.

Sampling Frequency: 32, 44.1, or 48
kHz.

Frequency Response: 5 Hz to 20 kHz,
+0.5 dB.

THD: 0.0025% or less at 1 kHz and 0
dB.

THD + N: 0.003% at 1 kHz and 0 dB.

S/N: Greater than 105 dB, IHF A-
weighted.

Channel Separation: Greater than 100
dB.

Analog Output Characteristics: Level,
1.5V for 0 dB at 1 kHz; impedance,
600 ohms.

Dimensions: 12% in. W x 5% in. H x
11% in. D (32.1 cm x 14.8 cm x 29.9
cm).

Weight: 17 Ibs., 10 oz. (8 kg).

POWER SUPPLY

Power Requirements: Available for 120,
230, 240, or 110 to 127/220 to 240 V
a.c., 50/60 Hz, according to country of
sale.

Qutput Veltage: 12V d.c.

Power Consumption: 30 watts max-
imum, with both Dragon CD and
Dragon DAC connected.

Dimensions: 8 in. W x 3% in. H x 9 in.
D (20.2 cm x 8.7 cm x 22.8 cm).

Weight: 7 Ibs., 12 oz. (3.5 kg).

REMOTE~-CONTROL UNIT

Dimensions: 2% in. W x 1 in. H x 6 in.
D (6.8cmx2.5cmx 15.4 cm).

Approximate Weight: 13 oz. (380
grams), including batteries.

SYSTEM

Price: $9,700.

Company Address: 955 Francisco St.,
Torrance, Cal. 90502.

For literature, circle No. 90
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The front panel

of the Dragon CD’s

Air Shield cabinet
opens for disc loading.

two “Disc” up/down keys, as on the main
controller, but these do not turn on the sys-
tem. Tracks can be skipped or cued with a
pair of “Track” keys, just as on the main
controller, but there is no means to access a
track directly or to search for index marks.
The final button (“Repeat”) sets up a repe-
tition of all seven discs; single tracks and
discs cannot be played repeatedly, nor are
there means for “marking” a segment for
repeat play or programming the playback
order of tracks or discs. Re-pressing “Ran-
dom” or “Repeat” cancels the mode.

On the back of the Dragon PS are two
power jacks that feed d.c. to the Dragon
DAC and the Dragon CD; a multipin “Sys-
tem Control” connector interfaces with the
Dragon CD. An a.c. input connector with
detachable line cord is on the far left as you
face the rear panel. On the back of the
Dragon CD are inpul connectors for the
d.c. feed and system-control cables, a pair
of high-quality Teflon-insert, gold-plated,
“Analog Output” RCA jacks, and a similar
jack for the “Digital Output.” The Dragon
DAC simply has a power connector, two
“Digital Input” jacks (neither with optical
counterpart), and a pair of “Analog Out-
put” jacks. Input and output jacks are the
same as used on the Dragon CD. Nakamichi
provides cables for all interconnections.

Measurements

The topology of the Dragon DAC con-
verters differs materially from that used in
the Dragon CD, so | tested both. Again,
Nakamichi does not plan to sell the Dragon
CD separately from the Dragon DAC, but |
was intrigued to find out how the Dragon
CD’s converter would compare, even if it
wasn'’t going to be used.

Nakamichi describes the internal Dragon
CD’s converters as “High-precision . . . dual
18-bit D/A converters with (an) 8-times-
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oversampling digital filter . . . [us-
ing] meticulously selected circuit
components.” The Dragon DAC’s
converters, on the other hand, use
Nakamichi’s “EL” (Enhanced Lin-
earity) topology to “achieve true
20-bit resolution at low signal lev-
els,” as described below.

The Dragon DAC employs two
EL 20-bit converters per channel,
in a push-pull configuration that is
said to cancel common-mode
noise and other extraneous influ-
ences. Each channel uses two 18-
bit dual DACs, so there are four
converters per channel and eight
converters in all. (The DAC chips
are custom versions of the Burr-
Brown PCM1700P.) Each half of
the balanced configuration uses
two of these converters: After the
input data is converted to 20-bit
form, one DAC chip handles the
four most significant bits, the other
the remaining 16 bits. (This digi-
tally amplifies the lower level sig-
nals, which are attenuated after
conversion and before mixing with
the signal from the upper four bits.
Nakamichi says this adds four bits
of precision to the low-level sig-
nals, yielding its claimed 20 bits
from 16-bit data.) With such an
arrangement, “crossover” occurs at
—24 dBfs, as you can see from the
sudden drop in THD + N between
the 20 and -30 dBfs test levels in
Fig. 1. But even at higher recorded
levels, the Dragon DAC performs
extremely well: Worst-case THD +
N is —89.3 dB, an improvement of
more than 12 dB over the Dragon
CD’s converters. Because the
crossover occurs four bits down,
I’ve changed the Dragon DAC’s
secondary numbers in the Mea-
sured Data Table for THD + N at 1
kHz (but not the Dragon CD’s)
from my usual -10 to -30 dBfs to
-30 to —90 dBfs. The Table shows
worst-case data.

The EL converter feeds a “dis-
crete” third-order Bessel filter and
is driven by an SM5843 20-bit dig-
ital filter with eight-times over-
sampling. The output filter has an
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isolated-ground local regulator to prevent
power-supply noise from contaminating
the analog signal ground. The desired digi-
tal input is selected by a 74LS151 switch
that is isolated from the controller by a
photocoupler for similar reasons. After the
switch, a YM3623B receiver phase-locks the

THE DRAGON CD’S
FREQUENCY RESPONSE
IS DECENT, BUT

THE DRAGON DAC’S
IS TRULY RULER FLAT.

system to any of the three standard sam-
pling rates (32, 44.1 or 48 kHz). There is no
indication that the cutoff frequency of the
output filter changes accordingly. Data is
reclocked in the Dragon CD.

Although the Dragon CD’s frequency re-
sponse is decent (—0.52 dB at 20 kHz, worst
case), the Dragon DAC’s is truly “ruler flat”
(see Fig. 2). Channel balance of both sys-
tems is exemplary, testifying to close com-
ponent tolerances in the analog circuitry.
Channel separation (Fig. 3) in the Dragon
CD is nothing to sneeze about (better than
83.5 dB across the board), but that of the
Dragon DAC is extraordinary—more
than 102 dB, worst case! Obviously,
Nakamichi has taken extreme care with
circuit layout.

Output level was less than the quasi-
standard 2V, but the difference is unimpor-
tant. Output impedance of the Dragon
DAC was less than the Dragon CD’s, but
again the difference is inconsequential.

Significant differences in the relative per-
formance of the converters can be found
not only in the THD + N versus level curves
of Fig. 1 but also in the THD + N versus fre-
quency curves of Fig. 4. The Dragon DAC’s
distortion is far less at all frequencies than
the Dragon CD’s. By today’s standards, the
Dragon CD’s converters are rather pedes-
trian, and contamination sneaks up past
0.08% at 18 kHz. The Dragon DAC’s arti-
facts, on the other hand, are more than an
order of magnitude lower, which qualifies
its performance as outstanding.

There also are clear differences in low-
level linearity, as seen in Fig. 5. Even in the
poorer channel, the Dragon DAC is just
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B&W’s Matrix HTM Home Theater Speaker

resolves the movies versus music debate

once and fOI' all. COREY GREENBERG, Home Theater Technology

W HAT STARTED OUT AS A RAGING DEBATE HAS ENDED WITH RAVE REVIEWS.
HERE B&W PRESENTS THE CONSIDERED OPINIONS OF TWO RESPECTED CRITICS,
COREY GREENBERG of Home Theater Technology [Nov 1994 issue]

AND Tom NOUSAINE of Sound & Image [Fall 1994 issue].

GrEeNBERG: “The main reason the HTMs even do a great job as mains in a music-
are so superior to any movie speakers I've  only system. I'd be proud to own one.”
heard is solely because these are music

speakers first and {oremost.” GrREENBERG: “This is the best sound I've

ever had in my home theater, bar none.

NousaiNE: “This speaker is accurate. Whether | played movie LDs or music reduce su
Dialogue and vocals are always intelli- CDs, the sound of the B&W Matrix HTM
gible and natural. Music sounds sweet was honest, accurate, and the very
and clean.” definition of the term ‘high h(lellltyl’ l?’s waves to minimize
a speaker system you’ll want to live with
GREENBERG: “The sound of the B&W for a long, long time.”
Matrix HTMs is so much better than any .
of the movie speakers I’ve heard, even What else can we say? COIOl'atlon — whether
systems costing many times the price of For the name of a B&W dealer near
the HTMs, that it’s a joke.” you, call 1-800-370-3740. And hear why . . N .
the critics’ choice in youre I|Sten|ng to music

NousaINE: “The Matrix HTM is a

tremendous performer. It makes a terrific

music speakers is the
critics’ choice in movie

speakers. or WatChing movies.

center speaker and a pair of them would

B&W Loudspeakers of America, 54 Concord Street, North Readinc. MA 01864 tel 1-800-370-3740 fax (508)664-4109
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about perfectly linear to —70 dB re:
full scale (-70 dBfs). The error is
barely more than 0.5 dB at —80
dBfs, and under 1.75 dB at -90
dBfs. With a dithered recording,
linearity error drops to a mere 1 dB
at —90 dBfs and hardly more than
that at 100 dBfs. Extraordinarily
good! In comparison, the right
channel of the Dragon CD’s con-
verter shows significant error at 60
dBfs, and the error exceeds 4.3 dB
at —90 dBfs. Nor do matters im-
prove on dithered recordings.
Similar effects can be seen in the
fade-to-noise curves of Fig. 6. I've
shown the right channel because it
was the worse one on the Dragon
CD; there was very little difference
between the Dragon DAC’s chan-
nels. Spectral analyses of residual
noise (Fig. 7) and of a 1-kHz, —60

- dBfs recording (Fig. 8) also demon-

strate the superiority of the Dragon
DAC over the Dragon CD. Note the
absence of low-frequency noise in
the Dragon DAC’s output and its
excellent suppression of the 44.1-
kHz sampling component. Also
note the absence of harmonics in
Fig. 8. The Dragon CD’s output in-
cludes an unusual amount of the
sampling signal and its harmonics,
as well as the third, fifth, and seventh
harmonics of the 1-kHz tone.

The A-weighted S/N ratio is 17
dB better on the Dragon DAC than
on the Dragon CD. However, this
measurement says more about the
analog electronics than about the
converters, which are not exercised
by the “all-zeroes” recording used
for the test. The figures for quanti-
zation noise, however, do reflect
converter action. Here, too, the
Dragon DAC outperforms the
Dragon CD, albeit by a lesser mar-
gin (7 dB). Dynamic range is calcu-
lated from the noise and distortion
generated when converting a —60
dBfs, 1-kHz recording and maxi-
mum output of the system. Here
the Dragon DAC outperforms the
Dragon CD by about 12 dB on an
A-weighted basis and more like 4.5
to 6 dB on an unweighted basis.
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The Dragon’s Breath

I'loaded the Dragon CD with a full com-
plement of discs and gave it a workout. For
the record, disc changing time came out to
just under 8 S; skipping to the next track
took under 2 S. You can’t load a disc during
play, but the system does return to the pre-
vious disc after gobbling up the new one. It
doesn’t return to where playback left off,
however, but cues to the start of track 1. If
you're indecisive when using the track-
scan/track-skip key, you may accidentally
skip to the next track rather than scan the
current one. The only way to prevent this is
to keep the key depressed for what seems an
eternity before scanning starts, so it’s easy
to give up and tap again—which takes you
straight to the next track. I found these
controls far more reliable on the controller
than on the remote.

Although Nakamichi normally provides
a digital interconnect between the Dragon
CD and the Dragon DAC, my early sample
didn’t have one, so I substituted a precision
cable from MIT. To make a direct compari-
son between the sound of the converters, |
connected both to separate inputs of my
Apt preamp. The difference in output levels
(0.8 dB) would tend to tilt judgment in fa-
vor of the Dragon DAC, but I tried to take
this into account as best I could. I repeated
the listening tests with only one converter

THIS SYSTEM IS ON
A PAR WITH THE BEST;
ITS BASS IS WARM, FULL,

AND FAT AND ITS TREBLE
CLEAR AND BRILLIANT.

connected at a time, to sidestep any prob-
lem that might occur when both were con-
nected to the same box.

Although I used quite a number of CDs
during my listening evaluation, my final
judgment is based mainly on the following
list: A collection of Bach works for harpsi-
chord played by Trevor Pinnock (Deutsche
Grammophon Archiv 435795); The Young
Beethoven, with Igor Kipnis on fortepiano
(Epiphany EP-1); Smetana: The Complete
Czech Dances featuring Antonin Kubalek
on an American Steinway D in the Troy
Savings Bank Music Hall (Dorian DOR-
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90122); Debussy’s Nocturnes and his Sym-
phonic Fragments from Le Martyre de Saint
Sébastien with Esa-Pekka Salonen conduct-
ing the Los Angeles Philharmonic Orches-
tra (Sony Classical SK 58952); a reissue of
Volume II of the Sheffield/Leinsdorf Ses-
sions (Sheffield Lab 10052-2-G); the Kodo
Heartbeat Drummers of Japan (Sheffield
Lab 1222-2), and finally, a sampler disc
from Nakamichi that has several cuts
from the Proprius label, including “Cantate
Domino.”

I chose each recording for a specific rea-
son. Since Nakamichi has a harpsichord in
its concert hall, where, presumably, its lis-
tening tests are conducted, I thought to in-
clude the Pinnock in my lineup. I chose the
Kipnis because I know his fortepiano and
the venue in which the Epiphany recording
was made. The Dorian disc is an excellent

MEASURED DATA

DRAGON DAC

Line Output Level: 1.595 V.

Line Output Impedance: 100 ohms,

Channel Separation: Greater than
103.2 dB from 125 Hz to 16 kHz.

THD + N at 0 dBfs: Less than 0.0072%
from 20 Hz to 20 kHz.

THD + N at 1 kHz: From 0 to —90 dBfs,
—89.3 dB; from —30 to —90 dBfs, 98.1
dB.

A-Weighted S/N: 110.8 dBfs for
infinity-zero signal.

Dynamic Range: A-weighted, 99.6 dB;
unweighted, 97.7 dB.

Quantization Noise: —-93.1 dBfs.

DRAGON CD

Line Output Level: 1.455 V.

Line Output Impedance: 980 ohms.

Channel Separation: Greater than 83.5
dB from 125 Hz to 16 kHz.

THD + N at 0 dBfs: Less than 0.083%
from 20 Hz to 20 kHz.

THD + N at 1 kHz: From 0 to —90 dBfs,
~77.1 dB; from —10 to —90 dBfs, 84.0
dB.

A-Weighted S/N: 93.9 dBfs for infinity
zero signal,

Dynamic Range: A-weighted, 87.0 dB;
unweighted, 91.5 dB.

Quantization Noise: —86.0 dBfs.

piano recording, with marvelous ambience,
so it made the lineup. The Sony and
Sheffield reissues were included because
each was transferred to CD using “20-bit”
processing (Sony’s Super Bit Mapping and
Sheffield’s 20+—16
Ultra Matrix Process-
ing) and should push
the converters to their
limits. I included the
Kodo disc, because
if anything would
prove the worth of Nak-
amichi’s Air Shield
cabinet design, the
huge O-Daiko drum
certainly would. Fi-
nally, I selected the
Nakamichi sam-
pler because it re-
flects the company’s
thoughts on good CD
sound (and I agree).

The effectiveness of the Air Shields was
judged using the Dragon DAC converter.
Ah, the power of suggestion. When I ma-
nipulated the doors myself, I thought I
heard a difference. Bass seemed tighter with
the doors closed, and the treble was
smoother and silkier. But then my life com-
panion raised and lowered the shields on
both the Dragon DAC and Dragon CD, in-
dividually and together, without my know-
ing which condition applied. I only tried to
judge whether anything had changed, not
which condition sounded best. Since I had
audible clues when she changed conditions
(the thumbscrews rattle slightly), she’d oc-
casionally “fool” me by opening and then
quickly closing the shields and/or doing the
opposite, with a few extraneous rattles
thrown in for good measure. When we tal-
lied the score, I was right half the time
(which is to say, I could not reliably discern
a difference whether the doors were sealed
or not), even with the O-Daiko cut played
at high volume.

There was no mistaking the difference in
sound between the two converters; the
Dragon DAC so outperforms the Dragon
CD’s built-in electronics that I can readily
see why Nakamichi hesitates to sell one
without the other. The Dragon DAC is
an exceptional converter; from a technical
standpojnt, it’s one of the finest I’'ve mea-
sured, and its sonics are on a par with the
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THE DRAGON PS
IS THE SYSTEM’S
CONTROL CENTER

AS WELL AS
ITS POWER SUPPLY.

best I've ever heard. Its bass is warm, full,
and fat and its treble clean and brilliant.
Some might say the bass is a bit too fat
and the treble a bit too brilliant, but I
don’t think it quite goes over the edge of
musical propriety.
The Dragon DAC
excels in its uncanny
ability to unearth de-
tail and ambience. My
listening notes consis-
tently refer to these
characteristics—the
ambience of the Troy
Music Hall, the inner
detail of the Debussy,
the finger cymbals and
distant voices accom-
panying the O-Daiko—
as being all clearly out-
standing. I could
consistently tell one
converter from the
other in these respects, and preferred the
Dragon DAC. The only recording in which
ambience seemed better with the Dragon
CD (strangely enough) was the “Cantate
Domino” cut on the Nakamichi sampler.
But although the changer’s internal D/A
converter seemed to have a bit more ambi-
ence, the Dragon DAC produced a much
smoother sound, so I’d still choose to use it.
Clearly, Nakamichi has gone to extraor-

w:»

dinary lengths to dot every “i” and cross
every “t” in the design of its new Dragons,
but I'm puzzled about the underlying de-
sign philosophy. That this is an expensive
system doesn’t overly concern me. (It just
makes me wish I earned more!) And the
fact that this system has ventured well be-
yond the point of diminishing returns vis-
a-vis sound quality per dollar doesn’t much
concern me, either. Every Nakamichi Drag-
on has made that heroic quest, and—thank
heavens—there will always be folks for
whom price is no object when pursuing the
Holy Grail. What does concern me is the
sacrifice of basic conveniences. Must I give
up direct track access and the ability to pro-
gram an evening’s music in order to placate
this Dragon? Being a classical music freak,
I'd gladly forgo cutesy features like random
playback—and repeat playback, if it means
repeating every disc in the bloody eleva-
tor—to grab this Dragon by the tail and
program it. A
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JMlab
SPECTRAL 913.1
SPEAKER

ocal, S.A. is a French company known
for its high-quality speaker drivers;
JMIab is its speaker system division.
Focal sells many drivers for use in
home construction projects, and many
more as an OEM supplier to compa-
nies all over the world, including such well-
known American manufacturers as Avalon,
Legacy, Snell, Swans, Thiel, Westlake Audio,
and Wilson Audio. However, finished
speakers actually comprise over 70% of Fo-
cal’s business. The American sales arm, JM-
lab America (a division of the Prism Audio
Group), markets more than 30 models in
the U.S,, ranging in price, per pair, from
$495 for a small two-way unit up to
$65,000 for the extreme high-end Grande
Utopia. The 913.1 comes near the top of the
Spectral line in the U.S. Only three JMlab
systems exceed it in price: The Antea
($6,495), the Alcor ($11,000), and the
aforementioned Grande Utopia.

The 913.1 is a fairly large and heavy
three-way speaker using dual 8-inch
woofers in a rear-ported vented box. The
other drivers are a 5-inch midrange and a 1-
inch, titanium inverted-dome tweeter. One
of the two parallel-connected woofers is
mounted near the top of the front panel;
the other is near the middle of the panel,
below the midrange and tweeter.

The 913.1’s enclosure is a hefty double-
sided design consisting of a main cabinet
constructed of %-inch MDF covered on the
sides by 1-inch slabs of African anigré
wood. The cabinet contains two equal-vol-
ume enclosures for the woofers, each vent-
ed to the rear through a tube 2% inches in
diameter and 6 inches long. The midrange
is mounted in its own sealed chamber, a 6-
inch diameter tube which connects the
front and rear of the enclosure. All drivers
are mounted to the front panel with socket-
head machine screws. The systems are sup-
plied with spikes that can be screwed into
the bottom of the cabinet. The 913.1’s grille

is made from Y%-inch MDF and is attached

to the front panel with six plastic projec-
tions that mate with plastic fittings in the
cabinet.

The system’s high-excursion 8-inch
woofers have diecast baskets and Polykevlar
cones. Polykevlar, a Focal exclusive, is a
sandwich of resin-bound hollow micro-
spheres between two sheets of Kevlar. This
combination is said to have light weight,
rigidity, and excellent damping, but with-

AUDIO/NOVEMBER 1995
56

out the coloration of conventional Kevlar
construction. The woofer’s voice-coil is of
flat ribbon wire wound on a Kapton for-
mer, 1% inches in diameter.

The 5-inch midrange also uses a
Polykevlar cone and features a stationary
conical phasing plug. A 1-inch voice-coil,

wound on a Nomex former, surrounds the
phasing plug and vibrates in relation to it.
No dust cap is used or required.

The 913.1’s tweeter utilizes an inverted
metal dome made of a material that Focal
calls Tioxid, titanium that is covered with a
thin film of titanium dioxide, and suspend-
ed with a flexible, flat foam surround. Un-
like the voice-coils of conventional convex-
dome tweeters, which are larger than their
domes, the inverted-dome tweeter’s voice-
coil is significantly smaller than its dome,
and drives it from its center. The tweeter
uses a large magnet, 3% inches in diameter,

Photos: Michael Groen



that raises the tweeter’s overall weight to a
hefty 3 pounds.

The system’s crossover is constructed on
a large, 6 x 10-inch p.c. board that is at-
tached to a removable MDF panel mounted
on the bottom of the cabinet. The parallel-
connected woofers are driven by a third-or-
der, 18-dB/octave, low-pass filter (two se-
ries inductors with a series capacitor and
resistor to ground). The midrange is fed
through a modified bandpass network
formed of a third-order, 18-dB/octave,
high-pass network plus a high-frequency
rejection circuit. The latter is a parallel-res-
onant LC tank, tuned to 7.9 kHz, in series
with the input. (For you electrical engineers
out there, it’s a third-order, elliptic low-pass
filter with a zero in the stopband at 7.9 kHz,
which provides a rapid roll-off with a slope
approaching 24 dB/octave between 4 and
7 kHz.)

The crossover contains 20 components
(five resistors, five inductors, and 10 capaci-
tors, all premium quality) that function as
16 distinct parts, considering paralleled
units. The three largest inductors have fer-
rite cores. Connections between crossover

— -

Type: Three-way, floor-standing,
vented-box system.

Drivers: Two 8-in. cone woofers, 5-in.
cone midrange, and 1-in. titanium
inverted-dome tweeter.

Frequency Response: 35 Hz to 25 kHz,
+0,-3 dB.

Sensitivity: 93.5 dB at 1 meter, 2.83 V
rms applied.

Crossover Frequencies: 500 Hz and 3.5
kHz, with 18-dB/octave slopes.

Impedance: 8 ohms average, 4 ohms
minimum.

Maximum Amplifier Power: 175 watts
continuous, 250 watts program
power.

Dimensions: 43% in. H x 11% in. W x
14% in. D (111 ¢cm x 28.5 cm x 36.5
cm),

Weight: 86 Ibs. (39 kg) each.

Price: $4,295 per pair.

Company Address: c/o Prism Audio
Group, 14038 Tanglewood Court,
Dallas, Tex. 75234.

For literature, circle No. 91

and speakers use 14-gauge stranded wire,
soldered at both ends. All drivers are con-
nected in positive polarity.

Input connections are via two bi-wirable
pairs of gold-plated, heavy-duty binding
posts at the bottom rear of the cabinet. Ter-
minal spacing is a nonstandard 40 mm (1%
inches), so standard double-banana plugs
will not work. For normal wiring, the two
pairs of input terminals are connected to-
gether with large brass bus bars, 0.2 inch in
diameter and 2% inches long. These bus
bars go into the holes in the terminal posts,
where they will prevent normal-gauge
speaker wire from being inserted, so single
banana plugs must be used.

Measurements

Figure 1 shows the on-axis anechoic fre-
quency response of the Spectral 913.1. Mea-
surements were taken at a distance of 2 me-
ters from the front of the cabinet, on the
midrange axis (as recommended by the fac-
tory). A voltage of
5.66 V rms was ap-
plied (equivalent to 8
watts into the rated 4-
ohm minimum im-
pedance) and then re-
ferred back to 1 meter
with a 2.83-V rms in-
put (equivalent to 2
watts into 4 ohms). A
combination of ground-plane and elevated
free-field measurements was used to derive
the curve, which was then averaged with a
tenth-octave filter.

If you exclude a high-frequency rise
above 15 kHz, the on-axis curve is quite flat
and fits within a tight, 4.5-dB window from
50 Hz to 18 kHz. Distinguishing features
include a moderately elevated low end be-
tween 60 and 500 Hz, roughness above 800
Hz, a slight dip at 11 kHz, and a rising high
end above 12 kHz. A separate frequency re-
sponse measurement extending to 30 kHz
(not shown) revealed a high-frequency
dome-resonance peak at 21 kHz (which
reached a level of 97 dB) and then a rapid
roll-off at higher frequencies.

Averaged from 250 Hz to 4 kHz, the sen-
sitivity of the 913.1 measured a high 90.0
dB, which is 3.5 dB below JMlab’s rating.
The right/left match of the speakers was
poor, with the left being some 0.5 to 1 dB
above the right below 2 kHz, and below the
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THE SPECTRAL 913.1'S
LOW-FREQUENCY OUTPUT
WAS IN THE TOP 25%

OF ALL SPEAKERS
| HAVE TESTED.

The terminals can be bi-wired
but cannot be used with

standard double-banana plugs.

right by about 1 to 2 dB above 3 kHz. The
major difference occurred in the high-
frequency range, above 11 kHz, where the
left unit was some 2 dB below the right. The
grille caused moder-
ate response devia-
tions above 2 kHz,
with maximum devia-
tions of about +2 and
-3.5 dB in the range
from 3 to 9 kHz.

A frequency re-
sponse check, taken
with the woofers re-
versed at the rear terminals, revealed that
the lower crossover was at about 320 Hz
rather than the factory-rated 500 Hz. With
this reversal, there was a very sharp null,
about 50 dB at 320 Hz. The sharpness of
this null indicated that the woofer and
midrange are solidly in phase throughout
their crossover region when connected nor-
mally, an ideal situation.

The phase and group-delay responses of
the 913.1, referenced to the tweeter’s arrival
time, are shown in Fig. 2. Also shown is
waveform phase, a measure which predicts
waveshape fidelity in specific frequency
ranges. The phase curve is quite well be-
haved but rotates 300° between 1 and 10
kHz. When averaged above 1 kHz, the
group delay indicates an approximate time
offset of about 0.2 m$ between the
midrange and woofer, with the midrange
output delayed behind the tweeter’s. The
waveform phase curve indicates that wave-
shapes will not be preserved within any
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frequency range, because the phase
values are not at or near either 0°
or *180° over any significant fre-
quency band.

Figure 3 shows the Spectral’s 1-
meter, on-axis, 2.83-V rms
energy/time response. The test pa-
rameters were chosen to accentuate
the system’s response between 1
and 10 kHz, which includes the up-
per crossover region. The main ar-
rival, at 3 mS, is quite compact but
is followed by one significant
response, down about 20 dB and
delayed about 0.76 mS after the
main arrival.

The unsmoothed horizontal
off-axis responses of the 913.1 are
shown in Fig. 4. (The bold curve at
the rear of the graph is the on-axis
response.) These responses are
quite similar over the whole fre-
quency range, particularly in the
important main coverage window
(£15° of the axis), where no nar-
rowing of high-frequency response
is evident.

Figure 5 shows the vertical off-
axis curves of the 913.1. (The bold
curve in the middle of the graph is
the on-axis response.) Within +10°
of the axis, the curves are fairly
uniform and symmetrical (on an
up/down basis) through the upper
crossover range (2.5 to 5 kHz).
Although exhibiting some curve-
to-curve variation, the overall ver-
tical coverage does not show any
dramatic peaks or nulls in the off-
axis response. On average, the
vertical off-axis response is quite
uniform.

Figure 6 shows the Spectral’s im-
pedance magnitude versus fre-
quency. In the bass range, below
100 Hz, the characteristic two
peaks and a dip of the vented box
are evident. The 4.7-ohm dip at
about 27 Hz indicates the approxi-
mate location of the vented-box
tuning. In the audible range (20 Hz
to 20 kHz), an impedance maxi-
mum of 14.6 ohms is reached in
the bass range, at 50 Hz, and a min-
imum of 3.0 ohms at the slightly
higher frequency of 90 Hz.
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The system’s max/min impedance varia-
tion from 20 Hz to 20 kHz is a fairly high
ratio of 4.9 to 1 (14.6 divided by 3.0). This
means the cable series resistance should be
limited to a low maximum of about 0.044
ohm to keep cable-drop effects from caus-
ing response peaks and dips greater than
0.1 dB. For a typical run of about 10 feet,
14-gauge (or larger), low-inductance cable
should be used with this speaker.

Figure 7 shows the complex impedance
of the 913.1, plotted over the range from 5
Hz to 30 kHz. Although well behaved, the
curve exhibits many major and minor
loops. The two largest loops correspond to
the two impedance peaks of the vented box.
The next smaller loop corresponds to the
impedance rise at about 700 Hz. Two very
small loops occur at 148 Hz and 4.4 kHz for
unknown reasons. A single 913.1 will not be
a bad load for any competently designed
amplifier, although its low 3-ohm mini-
mum and fairly large impedance variations

| KNEW THAT IF THESE
SPEAKERS WERE MADE
AS WELL AS THEY

WERE PACKED, THEY'D
BE VERY GOOD, INDEED.

may cause response aberrations when con-
nected to amplifiers having low damping
factors, such as tube units.

A high-level sine-wave sweep revealed a
quite rigid cabinet with very low activity of
the sides and top at any frequency. The 8-
inch woofers have a healthy travel capability
of about 0.6 inch, peak to peak, and over-
load quite gracefully. A moderate amount
of dynamic offset was noted at sine-wave
levels above 14 V rms. The vented enclo-
sures work very well and reduce the cone
excursion at box resonance by a significant
three-fourths (x 0.25), comparing response
with port open to port closed. Minimum
woofer excursion occurred at 33 Hz, the
system’s vented-box resonance. Port wind
noise at high power levels was very low at
and near box resonance.

Figure 8 shows the 3-meter room re-
sponse of the 913.1, with both raw and
sixth-octave smoothed data. The system, in
the right-hand stereo position, was aimed
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Fig. 9—Harmonic distortion
for E, (41.2 Hz).

laterally at the test microphone, at
ear height (36 inches) at the listen-
er’s position on the sofa. The speak-
ers were driven with a swept sine-
wave signal of 2.83 V rms
(corresponding to 2 watts into the
4-ohm impedance). The direct
sound and 13 mS$ of the room’s re-
verberation are included.

If you exclude dips in the floor-
bounce range, between 200 and 500
Hz, the averaged curve is well be-
haved and fits a fairly tight, 8-dB
window. With these dips included,
the averaged curve still fits within a
looser but not-so-bad window of
about 12.5 dB. Distinguishing fea-
tures include a peak at 800 Hz and a
general downward trend in re-
sponse from 1 to 10 kHz, followed
by adip at 12 kHz and a rise at high-
er frequencies.

Figure 9 shows the E, (41.2-Hz)
bass harmonic distortion of the
Spectral 913.1, with input power
ranging from 0.1 to 100 watts (20 V
rms into 4 ohms). The second har-
monic reaches only a low 2.2%,
while the third rises only to a mod-
erate 3.1%. Higher harmonics are
0.65% or lower at full power. At 1
meter in free space with a 100-watt
input, the system generates a fairly
loud 100 dB SPL at 41.2 Hz.

The A, (110-Hz) bass harmonic
distortion (not shown) was below
the floor of my measuring gear and
hence was below 0.33% at full pow-
er at all measured harmonics.

The A, (440-Hz) harmonic dis-
tortion is shown in Fig. 10. The sec-
ond harmonic rises only to 1.3% at
full power. Higher harmonics were
below the floor of my analyzer at all
power levels up to 80 watts. Howev-
er, at higher power levels the speak-
er’s output exhibited a harsh sound
that corresponded with a sudden
appearance of the third and fifth
harmonics (at 2.0% and 4.0%) at
the 100-watt level. Investigations
described later revealed that a satu-
rating inductor in the midrange
part of the crossover caused sym-
metrical rounding of the mid-
range’s waveshape.
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The IM versus power, created by tones of
440 Hz (A,) and 41.2 Hz (E,) of equal pow-
er, is not shown. At 100 watts, the IM rose
only to 1.3% at full power, a very low value.
This low IM value is a direct result of the
low woofer-to-midrange crossover fre-
quency, which occurs between the frequen-
cies of the test signal. The test tones are
handled separately by the woofer and
tweeter.

The short-term peak-power input and
output capabilities of the Spectral 913.1 are
shown in Fig. 11 as a function of frequency.
The test signal was a 6.5-cycle, third-octave-
bandwidth tone burst. The peak input pow-
er was calculated by assuming that the mea-
sured peak voltage was applied across the
4-ohm impedance.

The peak input power starts very strong
(240 watts at 20 Hz), rises to a peak of 700
watts at 31 Hz (near the box tuning), stays
within a narrow range until 250 Hz, falls to
a minimum of 270 watts at 400 Hz, and
then rises rapidly into the range of 6 to 8

FROM THE FIRST,
| HEARD SMOOTHNESS,

LIVELY DYNAMICS,
AND POWERFUL BASS.

kilowatts above 2 kHz. A reduction in pow-
er handling is noted above 13 kHz due to
distorted waveshapes.

Between 200 and 800 Hz, the peak input
and output were limited primarily by the
midrange’s generating a harsh, hollow
sound. Severe symmetrical rounding of the
output acoustic waveshape was noted in
this range. Suspecting inductor saturation
in the crossover, I drove the midrange di-
rect, bypassing the internal network. This
resulted in considerably more input power
handling and much higher clean acoustic
output, as shown.

At 400 Hz, when the 913.1 was connected
normally, its clean peak maximum output
sounded When the
midrange was driven directly, the output

rather anemic.
was much louder and sounded quite robust
and clean. The cause of this waveform dis-
tortion was saturation of the core of a 2-
mH shunt inductor in the midrange circuit.
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quality of the shipping containers.
The speakers were packed in no
fewer than three separate boxes co-
cooned inside each other! Often,
the shipping containers I receive,

SH=

which have passed through the
New York offices of Audio and have

Y
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Fig. 10—Harmonic
distortion for A, (440 Hz).
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Fig. 11—Maximum peak
input power and sound
output.

Saturated shunt inductors cause symmetri-
cal rounding or clipping of the waveform,
while saturated series inductors cause trian-
gularization of the waveform. The distorted
waveshape driving the midrange was con-
firmed by observing its voltage drive with
an oscilloscope.

With room gain, the maximum peak
output SPL of the system starts at a healthy
104 dB at 20 Hz, rises rapidly to a peak of
123 dB at 80 Hz, and then, after maintain-
ing levels of about 121 dB to 250 Hz, falls to
115 dB at 400 Hz. It then rises into the loud
range of 125 to 129 dB above 1.25 kHz. The
dip in maximum output at 400 Hz coin-
cides with the limited power handling not-
ed in the same range. The peak output
crosses the 110-dB SPL level at a low 25 Hz
and then crosses the 120-dB SPL level at a
significantly low 50 Hz. Its strong low-fre-
quency output places the 913.1 in the top
25% of speakers I have tested.

Use and Listening Tests
When 1 unpacked the Spectral 913.1s, I
was very impressed with the design and

8
PEAK POWER — WATTS

N been unpacked and repacked once,
’ are in shambles. I frequently have
to request new containers so that
equipment can be returned safely
to the manufacturer after I review
it. This was not the case with the
913.1s. After unpacking them, I
thought that if these speakers were
designed and manufactured half as
well as they were packed, they must
be very good indeed. They did not
let me down,

The 913.1s are very handsome.
The African anigré wood of the
side panels is somewhat similar to
a medium or light oak in grain and
coloring, but with a slight orange
tint. The appearance, fit, finish,
and workmanship of the cabinet
are excellent. All parts fit together
well, and the total assembly is very
solid. The speakers are quite heavy
for their size and bulk, but fairly
easy to move around. The grille is essential-
ly captured between the wood side panels.
Tolerances are so tight that the grille is
somewhat difficult to remove.

The owner’s manual is, of course, printed
in both French and English and consists of
a large, somewhat odd-sized (8% x 11%-
inch) triple foldup of six pages. Although
generic to all the JMlab products, the man-
ual contains a lot of useful information.
The translation from French is a bit awk-
ward in spots, however, with sentences like:
“This parameter is directly related to the
linearity of restitution of your listening
room.” JMlab suggests a live-end/dead-end
style of room, but with the speaker at the
live end of the room and the dead end be-
hind the listener.

The speakers are quite easy to hook up,
due to their very accessible terminals. Un-
fortunately, as mentioned earlier, the termi-
nals’ nonstandard spacing precludes use of
standard, %-inch-spaced double-banana
plugs, and the connection straps used when
not bi-wiring preclude the use of bare wire,
tips, or spade lugs.
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Listening was done with the Spectrals set
up in my usual locations, aimed in toward
my listening position and placed 8 feet
apart and far from the rear and side walls. I
listened from a point equidistant from the
speakers, 10 feet away. Listening gear in-
cluded Onkyo and Rotel CD players, a Krell
KRC preamp and KSA250 power amp,
Straight Wire cabling, and B & W 801 Ma-
trix Series 3 reference speakers.

First listening exhibited lively dynamics,
a powerful and extended low end, and a
smooth, even character with wide disper-
sion. Further listening revealed some minor
flaws but, everything considered, the Spec-
tral 913.1s did a very credible job.

The jazz piano on The Wonderful Sound
of Three Blind Mice (Three Blind Mice GS

THE 913.1s WERE
VERY FOCUSED,
WHILE PRESERVING

THE AMBIENCE OF
THE SOURCE MATERIAL.

CD004) was reproduced with quite ener-
getic dynamics and a smooth, open sound.
The acoustic bass sounded quite even and
clean, with minimal emphasis or de-em-
phasis of particular notes. Some slight for-
wardness was noted, as compared to the
B & W speakers.

The dynamic range and high output ca-
pability of the 913.1s was demonstrated
very well with a recording of Beethoven’s
“Wellington’s Victory,” complete with can-
non and musket shots, on The Cincinnati
Symphony’s Battle Music of Beethoven and
Liszt led by Erich Kunzel (Telarc CD-80079,
a favorite of mine). The Spectral 913.1s
shine on this kind of material, because their
high sensitivity and power handling result
in clean reproduction of the high peak
pressures required when this music is
played at high levels. Here, the JMlab speak-
ers did just about as well as my reference
B & W 801s, exhibiting only slightly less
bass on the cannon shots. Actually,
“Wellington’s Victory” describes a battle
between the French and the British, which
the British won decisively. In my own
French-versus-British showdown (JMlab
versus B & W), the French do much better!
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On older, not-so-clean analog vocal
recordings, the 913.1s exhibited some high-
frequency emphasis and harshness on sibi-

lants that the B & Ws did not exhibit. On Your
clean vocal recordings, they did just fine.

On pink noise, the 913.1s did show sig- o o H :
nificant midrange tonal changes when I " ' : Oom
stood up. Octave-to-octave spectral balance ] I u
ever, sound somewhat different than the | E
B & Ws on pink noise. The differences were a"uas .

not bad, just different, and are hard to

THE VIVALDI

on pink noise was quite acceptable; I heard
minimal tonality. These speakers did, how-

describe. x‘perience articulate

On third-octave, band-limited pink %’soundscwescreatedby
noise, the 913.1s generated some usable the new Vivald loudspeaer from
output in the 20-Hz third-octave band, Audio Artistry. €rom the mventor'of
somewhat more usable output in the 25-Hz the Linkwitz-Rdgy Crosscver comes
band, and very strong and clean output at a unique dipole design for superior
all higher bands. Port wind noise was quite sound in the widest rangs of rooms.
low. The JMlabs’ low-frequency output, al- Let Audio Artistry bring your music
though quite robust, was still not quite as tolife. Call (979) 319:1375 or fax
clean as the B & W systems’ when repro- . (919) 319-1436 for the Vivaldi dealer
ducing the same levels. nearest you.

In a second listening session, after I took
the measurements, I couldn’t find any par-
. ; . . ; - —r ~C 7 EY V7 4 .
ticular music m'aterlal that demonstrated e //(/w' /’/{‘)/7{7
the reduced maximum output of the JMlab W, — Painting Your Word Wit Sound €
speakers in the 400-Hz range. What did re- IR WOE SR SN SERVIGE O

veal the problem was a recently recorded

CD of my special tone-burst signals.
On large-scale symphonic music, such as Th ﬁr hi _ﬁd li

Latin American Ballets (Dorian DOR- .e St e ty SyStem _

90211), the 913.1s demonstrated lively dy- h N p l pl W vl

namics and a wide and accurate soundstage “]t a a O em Com CX. , i

while being quite neutral and well balanced, 3 o e
with an extended frequency response. Tip- £ )
top information on percussion was repro-
duced with a bit more emphasis than I
heard with the B & W 801s. The JMIlab
speakers also did very well on less dynamic

©1995 Bose Corporaninn. Covered by patent righes ssued Yo pending.

classical music, such as string quartets,
where the 913.1s’ stereo focus was very
good while preserving the recorded ambi-

ence of the source material.

Although $4,295 ir i ignificant . = - . .
ough $ a pair Is a signican Ir may be small. But the Bose” Acoustic Wave” music system is definitely an

;1mpunt of.money, the Spectral 913.1s did averachiever. The unit holds a compact disc player (or cassette), AM/FM
quite well in both my measurements and radio, and Bose’s patented acoustic wavegnide speaker techrnology. And pro-
listening tests, and they compete very well duces a rich, natural sound quality comparable to audio systems costing thou-

sands of dollars. We know, that’s hard to believe. So we’re ready te prove it
Call or write now for our complimentary guide to this award-winning system.

Because, like the system itself, it is only available _E”sE

with other systems in their price range.
They exhibited a very dynamic, even, and
smooth sound, with an extended bass re-

direct from Bose. Better sound through research:
sponse. The speakers sounded very good on . .
all types of music, including material that ‘f_“ Name Telephone
] Address

profits from being played very loud. Defi- L
City State Zip

Or mail te: Buse Corpoaration. The Mountain,

Call 1-800-898-BOSE, ext. W282.,  Depr. COD-W282. Framingham. MA 01701-9168.

nitely consider them. A
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BASCOM H. KING

MUSFEATEX BIDAT
D/A CONVERTER

he Museatex Bidat D/A converter is

the result of more than eight years of

effort by Ed Meitner and his design

team, whose work 1 admire for its

originality and uniqueness. Since my

last review of Meitner’s equipment
(the PA-6i preamp, November 1988), Muse-
atex has merged with a/d/s/, with Ed Meit-
ner serving as Vice President of Research
and Development.

Inputs on the Bidat’s rear panel are ST
(AT&T glass), S/P DIF coax, AES/EBU bal-
anced, and Toslink, allowing connection to
all standard digital equipment. For analog
outputs, the Bidat has a set of balanced XLR
connectors and a pair of unbalanced out-
puts via high-quality phono connectors. A
DIN connector, labelled “Option,” is pro-
vided for connection to the optional wired
remote control. Since the Bidat is partially a
computer and occasionally may need reset-

ting, a reset button is located on the rear
panel, just below the DIN connector. A
power on/off switch and IEC line-cord
socket are stacked vertically at the right-
hand edge of the rear panel.

A removable metal plate on the bottom
of the Bidat provides access to a DIP switch
that selects which input and absolute polar-
ity the unit will default to when it powers
up, and whether the remote-control input
will be active or not.

The only controls visible on the Bidat’s
front panel are two flush-mounted push-
button switches at the far right; these push-
buttons control input selection and ab-
solute output polarity. The display, to the
left of center on the panel, indicates which
input is selected, the absolute-polarity state,
and whether the unit is locked onto an in-
put signal. The display lights are a very ap-
pealing blue.
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The optional remote only controls vol-
ume, by varying the reference voltages at
the D/A converter. Museatex says this does
not degrade digital resolution, as a conven-
tional digital volume control would.

Two technical features set the Bidat apart
from other D/A converters. First, it has a
proprietary data receiver arrangement,
called C-Lock by Museatex. Second, and
equally (if not more) intriguing, is the use
of a signal-adaptive digital oversampling
filter. Both of these techniques are patented.
Ed Meitner has also patented a number of
the other digital signal-processing concepts
used in the Bidat and elsewhere-—including
the common practice of reclocking the
clock signals applied to a DAC in an exter-
nal D/A converter or within the digital elec-
tronics in a CD player.

Circuit Description

The unusual and elegant qualities of the
Bidat’s circuitry show up right at the input
selector. Each input path uses two 74HC-
series inverters to square up the received

IFrequency Response: 20 Hz to 20 kHz,
+0, 0.5 dB.

THD + N: -90 dB.

‘Noise: Better than —90 dB from 0 to 30
kHz, via optical or electrical inputs.
Jitter: Less than 10 pS, with no

~ periodicity.

Interchannel Level Matching: Within

'~ 0.1dB.

Digital Filtering: Eight-times over-
sampling.

Inputs: ST glass optical, Toslink optical,
75-ohm coaxial, and AES/EBU
balanced.

Output Impedances: Balanced, 600

I ohms; unbalanced, 300 ochms.

dr@utput Level: Maximum, 3.5V rms.

} imensions: 14% in. Wx 3 in. H x 13%

 in.D (36.8cm x 7.6 cm x 34.3 cm).

 Weight: 17 Ibs. (7.7 kg).

 Price: $1,999; wired remote volume
control, $399.

Company Address: c¢/o a/d/s/, One
Progress Way, Wilmington, Mass.
01887.

For literature, circle No. 92

Photo: Michael Groen



signal. Instead of the usual signal-selector
IC, the Bidat uses combinational logic, in
which 74HC-series “OR” gates select the
input signal to pass on’ to the subsequent
circuitry. If an optical input is selected, only
its optical receiver is powered up, while any
wired input (coax or AES/EBU) that is not
selected has its input pulled low by a shunt
transistor. The selected signal is passed on
to the input receiver and C-Lock circuitry.
The C-Lock input receiver derives its
clock signal in an equally original way. In

the conventional approach, a phase-locked
loop (PLL) in the input receiver generates a
clock signal at a multiple of the input data
rate—typically 64 times the sampling fre-
quency (64f ), or 2.8224 MHz for CD. In or-
der to lock reliably onto the input signal,
this PLL usually has a wide bandwidth of
about 20 kHz or so. This bandwidth allows
any audio-frequency jitter in the incoming
signal to pass right on through to the clock
signals generated by the input receiver. The
better D/A converters use a secondary PLL,
with a low bandwidth, to further process
the receiver’s clock-signal outputs before
delivery to the DAC circuitry, since it is at
the DAC that jitter can manifest itself as
distortion in the recovered audio signal.

In the C-Lock approach, a signal at twice
the sampling frequency is derived directly
from the incoming S/P DIF data stream
without using a PLL circuit. This 2f_ signal,
unlike the PLL-derived conventional clock
signal, isn’t affected by edge jitter in the au-
dio data portion of the input signal. This is
because the detection of the 2f signal is at
the beginning of each audio frame, in what
is called the preamble section, away from
the frame’s audio data. The derived 2f sig-
nal is fed to a PLL circuit having a low jitter-
cutoff frequency of about 10 Hz. In this
PLL, a voltage-controlled crystal oscillator
(VCXO) generates a master clock signal at
384f, which is divided down to 2f_ for com-
parison in the PLL’s phase detector. (Other

needed clock frequencies are de-
rived by suitable division of the
master clock.) An input receiver is
utilized in the Bidat to generate the
output data format and clock sig-
nals needed by the following digi-
tal filter. The input to the receiver
In this
arrangement, however, the receiver

is the selected signal.

is fed the stable clock signal from
the aforementioned PLL instead of
using its own, internally generated,
clock signal.

Data and clock outputs of the
receiver are routed to the digital
filter section, which (as alluded to
above) is an intelligent signal-
adaptive system. Two custom Mo-
torola DSP56001 DSP devices are
utilized, one per channel. Two dig-
ital filters are generated by each
DSP, one optimized for best tran-
sient response, the other for flattest
frequency response with maxi-
mum out-of-band attenuation. A
discontinuity detector scans the
digital audio data ahead of the
eight-times-oversampling interpo-
lation filter. If a transient pulse is
detected, output data is taken from
the transient-optimized filter, dur-
ing a windowed timeout relating
to the length of the transient. If no
transient is detected, the flat-re-
sponse filter is selected. If a tran-
sient occurs while data is being
taken from the transient-opti-
mized filter, the window time is
restarted.

Data output of the digital filter
section is applied to the input of
the DAC circuitry. The Bidat uti-
lizes a Philips SAA7350 and
TDA1547 together to form a very
high-quality, one-bit DAC system.
A pair of one-bit data streams and
a clock signal couple the output of
the SAA7350 (which is used, alone,
as a one-bit DAC in a number of
D/A converters) into the input of
the TDA1547. The TDA1547 then
performs the switched-capacitor
filtering that produces the analog
output voltage. Because the clock
signal going into the TDA1547 is
the critical one, as far as possible
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balanced outputs a better choice
(if the following equipment has
balanced inputs), since they have
one fewer amplifier in their sig-
nal path.

The output circuitry includes
several bits of analog sorcery. The
capacitors in the output amplifi-
er’s filter network (small film ca-
pacitors, not electrolytics) are bi-
ased with a d.c. voltage to
improve their “sound.” Each
output amplifier has a constant
current source connected from
its output to the negative supply
rail, to improve output-stage lin-
earity. Servo op-amp integrators

are connected from the balanced

main amplifier outputs back to

their respective noninverting in-

puts through a voltage divider.

This arrangement reduces d.c.
offset to negligible values.

Two power transformers are

used in the Bidat, one for digital
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Fig. 6—Spectrum of jitter

in S/P DIF signal from

CD player/transport (A) and
in 8f_ left/right clock at input
to DAC (B).

contamination of the final audio output is
concerned, both one-bit data lines (left and
right) and the clock signal are reclocked
with separate flip-flops before entering the
TDA1547. The reclocking signal for the
flip-flops comes from the master VCXO in
the input/receiver circuitry’s phase-locked
loop.

Audio outputs of the TDA1547 are in
differential form. Separate output ampli-
fiers, which also function as third-order
multiple-feedback low-pass filters, amplify
each output phase from the TDA1547 and
drive the XLR balanced output connector.
The balanced outputs also drive the RCA
unbalanced output jack, via another output
amplifier which converts the differential
signal to a single-ended one. (These output
amplifiers are all AD845 op-amps.) From a
purist point of view, this would make the

and one for analog circuitry. In
the analog supply, separate sec-
ondary windings are full-wave
bridge rectified to feed the volt-
age regulators that produce +14
and —14V d.c. These voltage reg-
ulators each consist of a zener-
follower circuit, with the zener
diodes fed from a constant cur-
rent source. Separate trans-
former windings are used in the
digital supply and are full-wave bridge rec-
tified and applied to several voltage regula-
tors. One supply feeds +15V to the PLL and
C-Lock circuits that use this voltage. The
other supply has two main voltage regula-
tors; one powers the DSP circuitry while the
other powers the input receiver, PLL, and
DAC. The digital and analog sections of the
TDA1547 switched-capacitor filter in the
DAC each get their +5 and —5 V require-
ments by local regulators fed from the ana-
log supply’s output of +14 and 14 V.

Measurements

Output voltages at digital full scale (0
dBfs) were 3.21 V for the left channel and
3.19V for the right, via the unbalanced out-
puts, while the balanced-output voltages
were 3.20 and 3.19 V, respectively. Output
impedances were 300 ohms in unbalanced
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mode and 600 ohms in balanced mode.
Subsequent tests were all run via the unbal-
anced outputs, unless otherwise noted, as
the results from the balanced outputs were
essentially the same.

Frequency response at 0 dBfs, with and
without de-emphasis, is plotted in Fig. 1.
The response with de-emphasis has been
displaced upwards by 0.5 dB for clarity; it
rolls off the highs a little more than the nor-
mal response, without de-empbhasis.

Figure 2 shows the superior transient re-
sponse of the adaptive digital filter when
handling a transient signal, such as a square

wave. | have also seen unusually low square-
wave ringing in Krell and Wadia D/A con-
verters, whose digital filter algorithms fa-
vored time-domain behavior. However,
these converters had quite high harmonic-
distortion readings as the test frequency ap-
proached 20 kHz, due to inadequate rejec-
tion of aliasing frequencies. Nothing that I
have seen comes close to the square-wave fi-
delity of the Bidat. Further, as we shall
shortly see, there is no harmonic-distortion
rise near the upper end of the audio range.
Total harmonic distortion plus noise
(THD + N) versus frequency, at digital full
scale and with a 22-kHz measurement
bandwidth, is shown in Fig. 3, and THD +
N as a function of digital signal level is plot-
ted in Fig. 4 for a 1-kHz test tone. These dis-
tortion results are all very good. Continuing
on the subject of linearity, note in Fig. 5 the
superb input/output linearity of the Bidat
for input signals in the range of -60 to —120
dBfs at 1 kHz. In the noise-modulation test
(not shown), a 40-Hz signal was presented
at input levels of —60, -70, —80, =90, and
-100 dBfs and the output was measured by
sweeping a third-octave filter from 300 Hz
to 20 kHz. All the traces essentially overlaid
each other—excellent behavior.
Interchannel crosstalk, both with unbal-
anced and balanced outputs, was better
than —110 dB up to 1 kHz, rising slightly to
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Table I—Signal-to-noise ratios. Quantization noise was —92.7 dB for the left

‘channel and —93.4 for the right channel; dynamic range was 95.7 dB for either

channel,
S/N, dB
LEFT RIGHT

—120 dBfs Signal

Wideband 65.8 66.0
22 Hz to 22 kHz 93.0 93.0
400 Hz to 22 kHz 93.2 93.1
A-Weighted 94.4 94.4
Digital-Zero Signal

Wideband 65.8 66.0
22 Hz to 22 kHz 97.3 97.0
400 Hz to 22 kHz 97.5 97.1
A-Weighted 98.9 98.5

about =93 dB at 20 kHz at the unbalanced
outputs and about —103 dB at the balanced
ones. Crosstalk was very similar in both di-
rections, for either output.

Quantization noise, dynamic range, and
S/N are presented in Table 1. These numbers
are very good and better than I have seen
from most one-bit D/A converters. With
wideband measurement, S/N is lower than
when measured only in the audio band, due
to high-frequency noise above that band;
this noise is caused by the noise-shaping
process inherent in one-bit converters. The
in-band measurements with a digital-zero
signal are not as good as those attainable
with good multibit D/A converters.

Figures 6A and 6B show how effective the
C-Lock circuit is in removing jitter from
the incoming S/P DIF signal. Figure 6A
shows a spectrum of the jitter on the S/P
DIF signal at the digital output of a Philips
CD921 CD player, a relatively new design.
(This curve may look pretty bad, but it is
typical of a lot of CD players used as CD
transports, which tend to use undersized,
poorly designed, digital-output isolation
transformers. Good CD transports have a
lot less jitter under these conditions—more
like 40 to 50 dB down in a measurement
such as the one in Fig. 6A.) The audio signal
itself was a 1-kHz, —90 dB, undithered sig-
nal from the Columbia CD-1 test disc. Note
how much of the spectrum is signal-corre-
lated! Most of the other discrete frequencies
in the spectrum are harmonics of the signal

frequency or intermodulation products of
the signal with the block rate of the S/P DIF
data (1/192 of the sampling frequency, or
about 230 Hz). The fundamental jitter
component, at 1 kHz, is about 1.68 nS, peak

to peak, or 594 pS rms. (Full scale on these
plots is 10 nS, peak to peak.) This data was
taken with a jitter detector of my own de-
sign, which is as sensitive as a DAC to all the
jitter in the data (digital audio) area of the
S/P DIF subframes.

Figure 6B, by contrast, shows how much
less jitter is present in the C-Lock-derived,
8f,, left/right clock signal driving the Philips
SAA7350 DAC chip when the Bidat is fed
the signal shown in Fig. 6A. (This data was
taken with a Meitner LIM Detector, which
was loaned to me for this review; however,
the results using my own detector were es-
sentially the same.) Note that a jitter com-
ponent of 60 dB would represent 10 pS,
peak to peak, or 3.54 pS rms. Those D/A
converters that don’t have secondary PLLs
to reduce jitter would have the jitter spec-
trum of Fig. 6A superimposed on all of the
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recovered clock signals if this particular CD
player/transport were used. This could, in
my opinion, have an audible effect on the
recovered audio.

A few final measurement comments: The
d.c. offset at all output terminals was 1 mV
or less, absolute polarity was correct as in-
dicated, and a.c. line draw was 200 mA.

Use and Listening Tests

Phono equipment used in my system
during the review period included an Ora-
cle Audio turntable fitted with a Well Tem-
pered Arm and a Stanton 981HZS moving-
magnet pickup, feeding my own tube
phono preamp/passive signal selector/at-
tenuator or a Quicksilver Audio preamp.
Counterpoint DA-11A and PS Audio
Lambda CD transports were used to drive
the Bidat, a Sonic Frontiers SFD-2 MKII,
and some experimental D/A converters.
Other signal sources included a Nakamichi
ST-7 FM tuner and 250 cassette recorder
and a Technics open-reel recorder. Preamp-
lifiers used included a Quicksilver Audio,
Forssell tube line drivers, a First Sound II
passive model, and my own passive signal
selector/attenuator. Power amplifiers used
were a Crown Macro Reference, Quicksilver
M135s, and a Counterpoint NPS-400A hy-
brid unit. The loudspeakers were B & W
801 Matrix Series 3s, augmented in the
range from 20 to 50 Hz by my subwoofer
systems, each using a JBL 1400Nd driver in
a 5-cubic-foot ported enclosure.

When I got the Bidat warmed up and
playing in my system, my first impression
was that it was a very good-sounding D/A
converter. After measuring it, I again set it
up and my initial impression was con-
firmed. This unit is one [ can listen to and
enjoy music with. It has good definition
with low irritation. Tonal balance seems
just a bit laid back, with space and dimen-
sion a little foreshortened compared to oth-
er converters I have. Bass quality, definition,
and “slam” are very good. Compared to the
very best setup I've had going recently, and
admittedly this is one that costs nearly three
times as much as the Bidat, the sound with
the Bidat was less clear, more subdued, and
not quite so musically convincing.

All in all, though, the Bidat sounded quite
good to me and I surely enjoyed my experi-
ence with it. It operated flawlessly, in the lab
and in my system. Go give this unit a listen. A



"« THE BEST SOUNDING
(OMMERCIALLY OBTAINABLE
SPEAKERS ON THIS PLANEL.."

Bob Sireno, Positive Feedback
Vol. 5 No. 5

o o,

Our 1996 catalog is packed
with information on new products
like the Whisper speaker system,
the Multichannel 4/3/2 Amplifier,
the Powered Impact Subwoofer,

and our unique Steradian
Environmental Processor.

(1-800-AUDIO-HI)

1-800-283-4644

Call for your free catalog.

SINCE-19 8 3
CGAC
AU*D-10O

THE LEADER IN SPEAKER TECHNOLOGY™

302 1 SANGAMON AVE. - SPRINGFIELDIL 6 2 702
FAX:(217)744-7269




When you’ve got questions about Audio and Video,

see a specialist

\ Is the placement of my speakers
important!

Just as the ultimate sound of a
system depends on the equipment
« selected, the placement of the

speakers is equally important. Perhaps the
number one rule in speaker placement is
the distance between the speakers. This
distance will affect various aspects of the
sound: Stereo separation, sound-stage
width and imaging. A good rule o7 thumb
is to draw an imaginary triangle from the
listening position to the center of each
speaker. The distance between the
speakers should be slightly less than the
space between you and the center of one
of the speakers. After the speakers have
been positioned, we recommend taking
the height of the speakers into
consideration. In most cases, the tweeter
should be at or near ear-level. This should
provide a better sense of clarity znd
imaging. It is our goal to have you listen to
the prospective choices in placement
situations that will not only benefit the
speakers, but are realistic to your home.

—Wanda and Gary Hawkins
Digital Ear

) I B Tustin.California
AUDIO/ VIDEO-COMPACT DISCS

What can | add to my
\ audio/video system to make it
R better?
\  For best results, an audio/video
specialist will need to make an
\ on-site evaluation of your present
equipment and room layout. An in-store
evaluation by a specialist can also
determine what you should purchase based
upon your needs and budget. | have found
that the best video addition is to add a
projection T.V,, preferably 7 ft. to 10 ft. in
diagonal measurement, if room size and
lighting will accommodate it. This provides
a life-like theater effect to visual
presentations that smaller sets can’t match.
The best electronic addition is a surround
sound processor with full range stereo
rear channels for better and more realistic
special effects. The best audible addition is
a powered sub-woofer which adds low
sounds that even some of the best
speakers lack, resulting in more impact,
feeling and realism when listening to
compact discs, records, videotapes or
laserdiscs.

—Robert C. Gutke, E.E.
Standard Audio
Salt Lake City, Utah
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Each month, Audio Magazine's newest feature “See a Specialist”, will showcase some of the finest
audio/video dealers from across the country. The dealers, chosen as a result of recommendations from
equipment manufacturers, Audio Magazine staff and industry organizations, will exemplify the best
audio/video dealers from New York to California. The chosen dealers will offer solutions to problems
that can best be handled by a specialty audio/video retailer.

If you would like to submit questions to dezlers in your area please write to :
See a Specialist, c/o Audio Magazine, 1633 Broadway, NY, NY 10019

% A friend of mine replaced all of
'the cabling in his system, and now
cannot stop raving about the
difference it made, Basically, what will |
notice in my (admittedly mid-priced)
system!?

-

A Without knowing morz about your

A system and tastes, | can only give

¥ W you general ideas. Higher quality
cabling will have a dramatic effect on the
sound of a system. You will notice sharper
imaging and when listening to an orchestra
you will hear individual instrumenzs and
sections. Bass instruments and pe-cussion
will be more rhythmic and dynamic. Vocals
will open up and sound more relaxed and
natural. One of the advantages of visiting an
audio/video specialist is that fcr many of us,
audio and video are our hobbies, our pas-
sions. We experiment, and we can show
you the things we've found to improve
performance in our own systems. An
independant audio/video specialist can be
an invaluable resource for you in your
pursuit of perfection - Use him !

—Barry Bradshaw
Sight & Scund Conoepts
San Bernaraina, California
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“, Can | have a home taeater
svstem that will also sound
~ good for music?

.

Yes! In fact, many of our best
\ performance audio manufacturers

.produce equipment which is ideal
for home theater. We have fcund that this
equipment, when properly calibrated and
optimized for home theater, provides
exceptional performance when
reproducing music. Better audio/video
specialists will have the test equipment and
the expertise necessary to design and
install a single system which will accurately
reproduce both home theater and music.

—Mark Ormiston
Definitive Audio
Seattle, Washington
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ASSEMBLACGE DAC-1
D/A CONVERTER KIT

hough Sonic Frontiers is known to-

day for its amps, preamps, and CD

playback gear, it started in 1988 as a

mail-order parts business, branched

into kits in 1990, and only began

selling factory-wired equipment the
following year—which led the company, in
1993, to close the circle by creating The
Parts Connection, again selling parts by
mail. Now that division has its own Assem-
blage kit line, aimed at the do-it-yourselfer
who has some soldering and wire-stripping
skills and a couple of hours to spare.

The first Assemblage kit, the $449 DAC-1
digital processor, is positioned to compete
with factory-assembled D/A machines cost-
ing much more. One appeal of kit building
is the chance to save a worthwhile sum by
performing some of the steps normally
done at the factory; the saving over the
equivalent Sonic Frontiers unit, the Trans-
DAG, is $150. The Parts Connection plans
to add to the Assemblage line, with kits to

T —

build a tube line-stage preamplifier, a stereo
amp based on the 300B triode, and an up-
scale D/A converter. Prices are not yet avail-
able for these intended products.

Getting Started

The DAC-1 kit’s parts are packaged neat-
ly so as not to put off the inexperienced kit
builder. A haphazardly thrown-together
bag of parts would be daunting to the bud-
ding hobbyist.

The accompanying kit manual presents
the builder with 17 easy-to-follow con-
struction steps. The parts are depicted in
both an exploded view and in photos ac-
companying each step. To make this kit ac-
cessible to those who are not engineers or
technicians, more than 90% of the internal
assembly has been performed at the factory.
The printed circuit board is pre-loaded
with ICs, resistors, capacitors, etc., lest the
imprudent beginner produce a smoking
amalgam of metal and chemicals. The in-
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structions also include a primer on basic
soldering and wire-stripping techniques.

Once assembled, the DAC-1 is smaller
than most consumer hi-fi equipment, only
9V inches wide, 2 inches high, and 7 inches
deep. It is heavy for its size, which connotes
a more than adequate power supply for a
device in this product and price category.
The heart of this supply, the power trans-
former, is of high quality, commensurate
with high-end gear costing upwards of a
thousand dollars.

The signal path within the DAC-1 is pop-
ulated with active parts of very good quali-
ty, including a pair of Burr-Brown 20-bit
1702 DAGs, a Crystal CS8412 input receiv-
er,an NPC SM5813A digital filter, and Ana-
log Devices’ AD844 and AD847 op-amps.
The careful kit builder will have a compe-
tent, finished component that should pro-
vide many years of satisfying service. More-
over, should the intrepid audiophile find
himself in over his head in constructing the
DAC-1, the manufacturer will complete the
job for the purchaser at no additional
charge or, within 30 days of purchase, re-
turn the buyer’s money. A completed unit,
regardless of whether the owner or manu-
facturer finally builds it, carries a two-year
warranty. There is also a toll-free hotline to
call if you encounter a small snag during
construction.

Construction Notes

The list of tools required to construct the
DAC-1 gives a fair indication of the pro-
ject’s simplicity: Two Phillips screwdrivers,

SPECS

Type: 20-bit, using Burr-Brown PCM-
1702 DAC. i

Digital Filtration: Eight-times over-
sampling, using NPC SM5813A.

Sampling Rates: 32, 44.1, or 48 kHz.

Frequency Response: 20 Hz to 20 kHz,
+0.5 dB.

Dimensions: 9% in. W x 2 in. H x 7 in.
D(24.1 cmx 5.1 cmx 17.8 cm).

Weight: 5.3 Ibs. (2.4 kg).

Price: $449.

Company Address: c/o The Parts Con-
nection, 2790 Brighton Rd., Oakville,
Ont., Canada L6H 5T4.

For literature, circle No. 93

Photos: Michael Groen
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a pencil-tip soldering iron, a Y-inch
wrench, a pair of needle-nosed pliers, a wire
stripper, and a ruler. Everything else you
need, including solder, is packed in the kit.

The initial steps in construction involve
partial disassembly of the unit, as it is most
practical to ship the DAC-1 partially
screwed together. Next, the constructor’s
wire-stripping skills are tested. Great care
should be taken when stripping the wires; if
you must redo this often to get the desired
length of clean copper, you may wind up
with insufficient wire to complete the job.
As the Kimber wire that is supplied to con-
nect the p.c. board to the output jacks has
rather stiff insulation, it would be easy to
cut into or snip right through the copper
conductor. However, anyone with even
moderate experience at this should have no
trouble.

Soldering is required at the next step,
when the Kimber wire is attached to the p.c.
board. Thankfully, minimal skill is re-
quired. In all of the project, only a few wires
are soldered, into well-marked holes in the
p.c. board. Thus, there is virtually no
chance for the first-time kit builder to mis-
locate a soldered connection.

Following more wire-stripping and the
somewhat delicate insertion of leads for
three LEDs, it is time to install the three
RCA jacks, a straightforward alignment and
nut-tightening procedure. Next looms the
only point in the construction when a third
hand would be welcomed: The builder
must solder the stiff Kimber wire to the
positive and negative terminals of the RCA
jacks, which can be awkward for anyone but

the nimblest technician. After that, the re-
maining tasks are mere screw twists and the
exact positioning of the LEDs in the holes
in the faceplate. Then—voild—you're done,

Use and Listening Tests

The Assemblage DAC-1 (which is pow-
ered up whenever its removable cord is
plugged in) is certainly up to date in ap-
pearance and performance. The black, nice-
ly cut faceplate is simply lettered and punc-
tuated by LEDs to indicate which input is
active and whether the signal from the
transport is locked in.

THE ASSEMBLAGE HOLDS
ITS OWN AGAINST
EXPENSIVE DACS, GREAT

NEWS FOR AUDIOPHILES
ON A BUDGET.

The signals 1 fed to the DAC-1 came
from two dedicated transports (the Audio
Alchemy DDS 1I and California Audio Labs
Delta Transport, priced at $699 and $895,
respectively) and four players used as trans-
ports. The players included two upmarket
units (the $1,600 Denon DCD-S10 and a
two-year-old Sony CDP-X707ES), an inex-
pensive unit (Denon’s DCD-815, $330),
and a portable unit (the Optimus 3400,
which was recently discontinued).

I also compared the DAC-1 with the con-
verters in the upmarket Sony and Denon
machines, and with an Anodyne Group

To make
construction
easier for the
nonengineer

or nontechie,
90% of the
DAC-1’s internal
.assembly

is done by

the factory.

®

\
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FET-Adapt D/A converter, a discontinued
model that originally sold for nearly four
times the DAC-1’s cost. After checking
whether the DAC-1 could hold its own
against much more expensive competition,
the verdict was good news for Assem-
blage—and great news for the audio enthu-
siast on a limited budget.

Other hardware in the system included
an Air Tight ATC-1 tube preamp, a QED
passive control box, a pair of New York Au-
dio Labs (NYAL) OTL-3 tube monoblocks
(triode-modified by George Kaye Audio
Labs), and an old transformer-coupled, 50-
watt/channel Grant-Lumley push-pull de-
sign with a pair of EL34 power tubes per
side. Cables in the main system were Kim-
ber silver AG series throughout.

Loudspeakers used in the testing were
predominantly Brentworth Sound Lab
Type 1s, a design of very high efficiency
(100 dB/watt/meter). The DAC-1 was also
inserted into a larger system that included
Dunlavy SC-1V speakers wired to a Kaye-
modified NYAL Moscode 600 hybrid amp,
producing some 325 watts/channel, which
in turn was partnered with a Convergent
Audio SL1 Signature preamp.

Initial impressions were of a robust, yet
unimposing sonic character, regardless of
the partnering hardware. Once broken in
and warmed up, the DAC-1 clearly resolved
the most densely scored orchestral material,
with only the slightest hint of audible stress.
Every other type of music that was audi-
tioned was handled with seemingly error-
less aplomb.

Krystian Zimerman’s fulminating pas-
sages in the Debussy piano preludes
(Deutsche Grammophon 435773-2) were
cleanly reproduced, with a full measure of
the piano’s size and more than an inkling of
the instrument’s tonal signature. In quizzi-
cal, introspective passages, Zimerman’s su-
perb control was easily appreciated, with no
smearing. In these sections, the Sony
707/DAC-1 combination was excellent, ex-
hibiting a solid mid-hall perspective. The
Denon/Anodyne combo seemed superior
only when vigorous lower octave informa-
tion might tax a power supply’s ability.
Then, the Anodyne’s beefier supply would
not be deterred, whereas the DAC-1 would
intermittently render a mid-weight impres-
sion, as if Zimerman’s left hand was now
playing an upright piano.
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A muscular 600 watt amp with the soul of a 9 watt triode.
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The new Sunfire stereo amp: sonic magic by Bob Carver.

It’s not a 9 watt triode of course, and we wouldn’t wanc it to be,
but it does share a very important characteristic with one. It
incorporates the current-source (high output impedance) property
of a triode - the very property that is th¢ dominant factor (perhaps
ninety percent) of the sonic magic that makes listening to classic
vacuum tube amplifiers so much fun. So when you choose our
current-source output connections for your system, you'll have
a sumptuous high end, and a midrange that positively glows.

At the same time, the new Sunfire amp, with its uncanny tracking
downconverter, has the ability to raise goose bumps with its
awesome power. Using 12 herculean International Rectifier
Hexfets, it can drive any load to any rationally usable current
or voltage level.

A choice of outputs.

You can connect most speakers to the voltage-source output, with its
near zero impedance, to experience the powerful dynamics and
tight bass you've always wanted more of.

Or let’s say you own electrostatic, planar magnetic or
ribbon speakers, then connecting the higher impedance
current-source output can coax forth a sensuous, delicately
detailed musical voice associated with low-powered classic
tube amplifiers.

Or if you're able to biwire, you may just arrive at the best

possible interface: voltage output to woofer for incredible bass
whack, current output to midrange and treble for a huge
three-dimensional soundstage with detail retrieval so stunning
that you will often hear musicians breathing.

Each choice will reveal the delicate musical soul that
complements this amp’s astanishing muscle and control. And
each will lead to a multilayered soundstage so deep and wide it
will take your breath away.

Performance that’s difficult
to believe.

The basis for all this is designer Bob Carver's versatility. He's
worked successfully for over wwenty years with both tube and solid
state designs, and he understands the intrinsic subtleties of each.

For the new Sunfire, he insisted on an enormous 138 ampere
peak-to-peak output current capability with 600 watts rms per
channel continuously into 4 ohms* and 2400 watts rms into 1
ohm on a time-limited basis. Courtesy of 24 massive Motorola
uiple-diffused outpur devices, each capable of 20 amperes
without taxing current reserves.

Imagine all that in a single amp. Or better yet, visit a Sunfire
dealer. That’s where you’ll hear for yourself how it all
comes together.

*F.T.C.: 300 watts continuous per channel, both channels driven into 8 ohms from 20 Hz to 20 kHz with no more than 0.5% THD.
Inputs are gold XLR balanced and gold RCA standard.

Price: $2,175.

Dealer inquires invited. (206) 335-4748 Ask for Bob Carver.

For more information on the Sunfire, and especially the uncanny tracking

downconverter, use the reader service card or write to:
Sunfire Corporation, PO Box 1589, Snohomish, WA 98290
CIRCLE NQ. 36 ON READER SERVICE CARD
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Partnering either the Audio
Alchemy or the CAL Delta with the
DAC-1 via the coaxial connection
made for a terrific match: A sense
of tonal and mechanical imper-
turbability emerged in the Zimer-
man and in a starkly portrayed
reading of Stravinsky’s L’Histoire
du soldat (Chesky CD122). This
disc revealed many noncritical dif-
ferences in the transports, under-
scoring the DAC-1I’s ability to re-
veal low-level information.

The Optimus portable and mid-
market Denon machines also per-
formed very well with the DAC-1.
The Optimus fits nicely atop the
DAC-1, creating a tidy but tenable
playback system for audiophiles
with space problems.

To the DAC-1’s credit, it delin-
eated Sigiswald Kuijken’s masterful
playing of his 300-year-old Granci-
no on the Bach Sonatas and Parti-
tas for solo violin (Deutsche Har-
monia Mundi 77 043-2-RG) as
well as the other, more expensive
machines did. However, the Denon
DCD-S10/Anodyne combo offered
subtle, small advances in dynamic
contrast and ambient detail.

Through a cutting-edge play-
back system, a few cuts on the
Brazilian vocal stylist Ana Caram’s
Maracana (Chesky JD104) project
an unnervingly lifelike portrayal of
a woman in a state of readiness not
to be further described in a family
magazine. Properly replayed, the
in-the-room effect can be startling,
and the DAC-1 was up to the chal-
lenge, particularly with the Denon
DCD-S10 feeding the signal.

With Sonny Rollins’ Prestige
classic Saxophone Colossus (Fanta-
sy/Original Jazz Classics OJC-291),
vintage 1956, the DAC-1 displayed
none of the grainy tizziness or
tonal thinness that often character-
izes inexpensive CD gear. Only
some of Max Roach’s intricate de-
tail drumming seemed glossed
over, prompting a wish for a mint
copy of the LP.

The DAC-1 could rock 'n’ roll as
well, doing justice to The Pre-
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tenders’ recent compilation The Singles
(Sire 25664-2). Inventive guitar chords were
kept intact, and Chrissie Hynde’s voice
projected just the right raspy combination
of skewed maternalism and taunting
alienation.

In summary, the treble performance of
the DAC-1 was laudable, given many CDs’
limitations in this area. Midrange perfor-
mance was dictated mostly by the various
transports, as the DAC-1 properly passed
along the qualities of the signal fed into it.
Vocal material might be criticized as being
just on the dry side through the DAC-1—
but the CD format has been widely criti-
cized for just this, so perhaps the DAC-1 is
merely an accurate replayer of CD sound.

During playback of CDs versus the Dun-
lavy/Moscode system, some minor deficien-
cies in the DAC-1’s mid and lower bass be-
came apparent. Still, those whose systems
deliver clean bass below 40 Hz should seek
expensive gear more capable of defining the
bottom octaves.

If a more rounded, harmonically en-
riched playback character is desired, one
might seek a converter with vacuum tubes
in the output stage.

Conclusion

The Assemblage DAC-1 is helping to re-
vive the appealing tradition of Heathkits
and Dynakits of the 1960s and ’70s. The
DAC-1 deserves a resounding recommen-
dation and not simply because it is inex-
pensive. Over a course of a few months, it
was a synergistic part of costly, carefully in-
tegrated systems and did not sound out of
place. Score one for the avid listener on a
budget. J.C.H.

Measurements

Let’s face it. Despite their claims to the
contrary, precious few manufacturers de-
sign their own digital-to-analog converters.
Sure, they design the circuitry surrounding
the converter, but most DACs and the digi-
tal filters that accompany them are third-
party ICs that are available to anyone. Even
hardware manufacturers that own IC
foundries gladly sell chips to competitors to
get production up and cost down.

This being the case, why aren’t all DACs
“state of the art™? Cost is one obvious rea-
son: Not every company will spring for an
expensive chip, especially not for products
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Critics agree—the Marantz CD-63 Special e 15 (e ‘g(\_;:‘ g oxygen-free copper power transformer
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players have long been held in high (B;‘& O Dos. 3’ ai"_“"g}' audiophile capacitors. chassis and power

esteem and the CD-63SE continues the tosT

tradition. Based on the award-winning
CD-63 model (European CD Player of the
Year—1994-1995). Marantz engineers applied a
number of enhancements to the Special Edition version.
Both models feature Marantz’ exclusive HDAM discrete
analog output stage, which provides a superior analog
output signal characteristic, compared to convertional
op-amp based designs found in most other models

A host of refinements found in the CD-63SE include

Criticcl analog output stage
outperforms conventional op-
amp analog output circuits.

supply bracing for improved rigidity, and
numerous other “tweaks™ to bring out the
most musica ity from your favorite CD'’s.

For fans of outboard D/A processors, the ‘63 series is
equipped with high quality co-axial digital output (along
with optical, ako). and excels as a transport alone. Built
to the highest standard, the Marantz CD-63SE is, of
course, backec by our three year limited parts and labor
warranty. Audition the Marantz CD-63 Special Edition
soon at vour Marantz dealer.

ERRaA N aANREw’
PURE HIGH FIDELITY

Marantz America, Inc.
440 Medinah Road Roselle, IL 60172-2330
Tel. 708-307-3100 » 708-307-2€87 Fax
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e dB of error at the =70 dB recording

-60 M —& ™ level (=70 dBfs) and only 0.33 dB
? - | \ at —90 dBfs. And that’s without
g . ke | dither to help. With a dithered
E -100 | P f - recording, the error barely tops 0.5
% o 1 '/_/' 1] I~ dB at 100 dBfs. If there’s ambi-
& e h T ;l'—“‘, '|-"|3 , ence on a CD, the Assemblage
w0 ‘IOO N . “1oon 200k DAC-1 will dig it out.

FREQUENCY —Hz

Fig. 7—Third-octave noise
vs. frequency for 1-kHz
signal at -60 dBfs and for
signal at digital zero.

designed to meet a low target price. Care-
lessness is another reason: The best DAC
will not perform optimally with shoddy
support. The entire system (including ana-
log circuitry, power supply, and component
layout) must work in concert to permit the
DAC to attain its potential.

The Assemblage DAC-1, however, is done
right. Judged in its entirety, it comes as close
to technical perfection as I can recall. Just
take a look at the curves of THD + N versus
frequency, in Fig. 1. Outstanding! They
come as near to the theoretical limits of the
CD as I've seen, and do so across the entire
frequency range, with none of the typical
rise in THD at-and above 10 kHz. (More
about this later.)

Now look at the plots of linearity error,
in Fig. 2. Incredible! There’s well under 0.1

MEASURED DATA

Frequency Response: 20 Hz to 20 kHz,
+0.00, -0.39 dB.
THD + N at 0 dB: Less than 0.0023%,
- from 20 Hz to 20 kHz.
THD + N at 1 kHz: From 0 to —90
dBfs, less than —92.6 dB; from —30 to
~ —90 dBfs, less than ~97.5 dB.
A-Weighted S/N at Infinity Zero, re:
0 dBfs: 110.0 dB.
Dynamic Range: A-weighted, 98.8 dB;
unweighted, 97.1 dB.
Quantization Noise, re: 0 dBfs: —95.8
dB.
Channel Balance: £0.00 dB.
Channel Separation, 125 Hz to 16
kHz: Greater than 89.8 dB.
Line Output Characteristics: Level,
1.96 V; impedance, 78 ohms.

The THD + N versus level
curves of Fig. 3 and fade-to-noise
graph of Fig. 4 relate the same tale
of perfection. Rarely do you find a
DAC whose worst-case THD + N
tops out at -92.6 dB at high
recording levels and remains be-

low -97.5 dB from —30 dBfs down, as Fig. 3
indicates. In Fig. 4, I've shown the left-
channel fade because it seemed ever so
slightly worse than the curve taken on the
right channel. Technically, however, the two
were identical “within the limits of experi-
mental error,” and had I run the plots
again, the outcome might well have been
reversed.

As you would expect from the graph of
THD + N versus level (Fig. 3), the DAC-1’s
dynamic range (not shown) was excellent,
approaching 100 dB, A-weighted; even un-
weighted, it was better than 97 dB, worst
case. Thanks to its 20-bit DACs and exceed-
ingly quiet analog electronics, the DAC-1’s
A-weighted S/N ratio (measured with a
“digital-zero” recording) topped 110 dB.
But even when the converter was exercised
(the “quantization noise” measurement),
total noise was almost 96 dB down, which is
outstanding.

Figure 5 shows interchannel crosstalk.
While I've gotten slightly better numbers
on a few systems—precious few, I hasten to
add—I have no grief with these whatsoever.
When worst-case channel separation ap-

~ proaches 90 dB, we’re really splitting hairs.

It’s far greater than necessary, and I've seen
“dual-mono” amps do much worse!

I’ve held the frequency response data
(Fig. 6) until nearly last because [ want to
discuss these curves together with the spec-
trum analyses of Fig. 7. Over most of the
audio spectrum, response is ruler flat; ir’s
down less than 0.1 dB at 10 kHz. At 20 kHz,
response is down a tad less than 0.4 dB.
Most likely, this is caused by the analog
reconstruction filter. I'm sure that the
DAC-1’s designers could have used a less
aggressive filter and/or one with a slightly
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higher cutoff frequency to improve the re-
sponse at 20 kHz. (Not that it’s bad; 'm
simply splitting hairs to make a point.)
However, had they done so, I'm convinced
that the noise and high-frequency distor-
tion would have been worse.

Despite the standard nomenclature (“to-

_tal harmonic distortion + noise versus fre-

quency”), the high-frequency “distortion”
shown in Fig. 1 is not “harmonic” distor-
tion at all, since a 22-kHz low-pass filter is
used in the analyzer when making the mea-
surement, which suppresses harmonics of
any signal above 11 kHz. The distortion is
really a form of IM caused by harmonics of
the signal beating with whatever residual
sampling-rate carrier is present. These
“beats,” when present, fall well within the
audible range and are much more distress-
ing than a loss of 0.4 dB in 20-kHz re-
sponse. In short, I heartily approve of the
approach taken in designing the DAC-1.
Now, if you carefully examine the spec-
trum analyses (Fig. 7), yow'll find hardly

CLEARLY, THE DAC-1
IS OUTSTANDING,

A TOTAL DELIGHT AND
AN UNUSUAL BARGAIN.

any 44.1-kHz sampling-rate component
even in the 1-kHz, —60 dBfs plot. And there
are no components at harmonics of the
sampling rate. Both conditions are unusual,
and I believe both contribute to achieving
superior sound quality. Note, too, the ab-
sence of power-line-related components
and the smooth roll-off in low-frequency
noise. These characteristics testify to good
circuit design, careful circuit layout, and a
selection of active analog components that
have negligible “popcorn” noise. Care
seems to be the hallmark of the Assemblage
DAC-1. The channels are perfectly bal-
anced, the output level is “standard,” and
the output impedance is exceedingly low.
Since the digital-to-analog converters in
many of today’s CD players are really fairly
good, a stand-alone DAC must be out-
standing to justify its existence. Clearly, the
Assemblage DAC-1 is. What a delight! And

what a bargain! E.J.F.



More Than
Just Cable!

Why hook up your audio system with “just cable?”
Try MITerminator™ products from MIT® and hear what
you’'ve been missing. Providing better bass, cleaner
midrange, more realistic imaging and smoother
highs, the MITerminator™ Series sets a new level of
performance that cable alone cannat equal.

At M'T™ we've discovered that standand audio cab es are not efficient ccn-
ductors of musical information, especially ir the lower ‘requencies. No mat-er
how expensive the materials used, there are limitations that cakle alone just
cannot overcome.

MIT’s solution is the Terminator network. This patented technology was
designed :0 overcome the limitations of “just cable.” Improving tonality aad
signal efficiency, the Terminator delivers more of the music signal for betzer
scund anc a more satisfying overal! listening experierce.

\. - : Try VITerminator” interfaces

S -7 in your own system. Most MIT® retailers

2 offer a no-risk home zrial program.

: Call 916-888-0394 for the location of your

2 .‘_:1,. &) Al baeaie nearest authorizad MITerminator™ dea er.
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Betier
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Midrange
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Highs

Enanced

Image
and Focus

MUSIC

INTERFACE
TECHNOLOGIES™

3037 Grass Valley Highway

Auburn, CA 35602

MIT products are
manufactured and sold
by CVT_, Inc.

Phone: 916-88E-0394
Fax: 916-88€-0783

Distributed in Canada by:
Aralex Acoustics at
(604) 526-8965




JAMES T. FRANE

ACOUSTIC RESEARCH
338 SPEAKER

ounded in 1954 by Edgar
Villchur and Henry Kloss,
Acoustic Research (AR) be-
came well known for its cre-

ation and use of the acoustic-

suspension type enclosure.
This design uses the spring force of
the air in a hermetically sealed cabi-
net to control the motion of a driver.
Acoustic suspension enables design-
ers to achieve extended bass, with
low distortion, using a relatively
small enclosure.

Company Address: 535 Getty
Court, Bldg. A, Benicia, Cal.
94510,

For literature, circle No. 94

In the early 1950s, most speakers
that had good bass extension were
expensive and required large cabi-
nets. The smaller size AR speakers
became quite popular, especially
with the advent of stereo, when two
speakers were needed. The AR devel-
opment of dome tweeters in the late
’50s added to the popularity of the
company’s speakers, as dome drivers
improved stiffness and dispersion,
compared to cones.

AR is now part of International
Jensen and recently relocated from
Massachusetts to California. Its cur-
rent offerings range from a small
two-way system with a 5%-inch
woofer design to a three-way with a

AUDIO/NOVEMBER 1995

82

12-inch woofer. They are embodi-
ments of the company’s original de-
sign concepts, and improved by the
use of the latest technology in driv-
ers. A powered subwoofer and a
home theater center-channel speaker
round out the line. AR’s design goals
include wide frequency response and
balanced power output across the
frequency spectrum.

The 338 is about in the middle of
a range of new AR designs. It is of
traditional “bookshelf” speaker size
and is AR’s smallest three-way mod-
el. It utilizes a 3%-inch dome tweeter,
a 1%-inch dome midrange, and an
8-inch paper cone woofer. The driv-
ers are mounted vertically on the
front baffle of an enclosure that is 19
inches high, 10% inches wide, and 9
inches deep. The tweeter and mid-
range are on a common vertical cen-
terline, offset to 4% inches from the
cabinet edge, and the woofer is hori-
zontally centered near the bottom of
the baffle.

Mirror images of each other, the
speakers can be placed with the
tweeters and midrange drivers to-
ward either the inside or the outside
cabinet edges. The review pair was
well finished on all sides in cherry
wood vinyl (black vinyl is also avail-
able). Input connection is via two
gold-plated five-way binding posts
that are % inch on center, to accept
dual banana plugs, and located in a
recessed insert in the lower back baf-
fle. The black plastic grille frame is
covered in black double-knit cloth,
and the grille is held about Y4 inch
away from the front baffle, on posts
inserted into sockets.

The size of the enclosures requires
the 338s to be elevated in order to
position the tweeters at about ear
level, and this is how I auditioned
them. Their sensitivity is rated as 86
dB with a frequency response of 55
Hz to 20 kHz, +3 dB.

I placed the 338s 7Y feet apart and
about 9% feet from the listening po-
sition. The backs of the speakers
were 2V feet from the back wall, and
the nearest side wall was about 1%
feet from them. I tried them

Photo: Michael Groen
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both facing straight ahead and angled to-
ward me, with and without the grilles. (The
338s have an appealing appearance even
without the grilles, although the dome driv-
ers will then be exposed to curious fingers.)
[ found the sound to be better with the
speakers toed in and pointing directly at the
listening position, sans grilles, and placed
so that the tweeter and midrange were to-
ward the inside edges. I tried the 338s at
various distances from the rear wall and
found that the closer they were to it, the
shallower the soundstage became.

The speakers were driven with a Carver
'TFM-42 power amp controlled by a Carver
CT-17 tuner/preamp.
The interconnect cables
were Monster Cable,
and loudspeaker cables
were Kimber 4PR. A
Sony CDP-C315 CD
player, a Dual CS$5000
turntable with Shure’s
V15 Type V cartridge,
and the Carver tuner
were used as signal sources. I listened to
acoustic jazz, vocals, classical, and vintage
rock music.

Mechanical components can benefit
from a break-in period, depending on the
time required for their materials to reach an
equilibrium point. Right out of the box, the
ARs had a well-balanced low-frequency re-
sponse that extended down to the mid-50-
Hz range. This might have been because the
already compliant suspension of the
acoustic-suspension woofer didn’t require
much of a break-in period. Initially, the
sound seemed to emanate directly from the
speakers, resulting in a somewhat “closed-
in,” boxy sound, but after a few days of use,
the soundstage broadened and deepened.
As more time passed, the stage stretched be-
tween, behind, and often to the outsides of
the speakers when I played good source ma-
terial. Any tendency toward boxiness disap-
peared. This change might have occurred as
the midrange driver suspensions loosened
and stabilized with use. The bass output did
not change character over time, although it
eventually reached down into the mid-40-
Hz range. The highs decreased slightly
when I moved from a seated to a standing
position, particularly with pink noise. Hor-
izontal power output seemed consistent
over a wide areq, as | found good listening
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AT $649.95 A PAIR,
THE AR 338s ARE
MODERATELY PRICED,

WHICH BELIES
THEIR PERFORMANCE.

positions virtually anywhere between the
speakers. At $649.95 a pair, these are not
high-priced speakers, and the price belies
their performance.

I frequently attend live music perform-
ances, using them as my standard of refer-
ence. Although the ARs didn’t convince me
the music was live, they acquitted them-
selves well in terms of tonal balance, dy-
namics, consistency, and presentation of
the performance venue. The differences be-
tween good and poor recording techniques
were readily apparent. The flat bass re-
sponse allowed the reproduction of male
voices without any hint of congestion or
“chestiness.” Female
voices were well re-
produced and sound-
ed very natural. Accu-
rate timbre clearly
distinguished differ-
ent instruments. The
bite and rasp of a
trumpet, the soulful
depths of a tenor sax,
the scrape of a well-rosined bow on strings,
and the spread of a full orchestra were
quite realistic, given good recordings.
There was no confusion between the
sounds of violins, violas, cellos, and double
basses. The high-frequency output was
smooth and very extended, without stri-
dency or harshness. The 338s created a very
enjoyable listening session, no matter the
type of music.

The major area of performance with
which some may find fault is in the repro-
duction of the lowest octave (below 40 Hz).
While larger woofers can add impact, a
heightened sense of realism, and the foun-
dation of the lowest musical octave, an 8-
inch woofer can move only so much air. Yet
although the lowest octave is essentially
missing (what is there is at a much de-
creased level), its absence is neither really
detrimental nor likely to be noticed with
most music. [ have listened to speakers cost-
mng more than twice as much as the 338s
that were not as musically involving. I lis-
tened for long periods of time to the ARs
without experiencing any sign of fatigue,
often finding myself stopping other activi-
ties just to concentrate on the sound.

The AR 338s are very much worth audi-
tioning, and I got very good sound from
them after the break-in period. A



COUNTERPOINT DIGITAL—A Promise kept.

When we first introduced the Counterpoint DA-10 in 1993, we made a commitment: to produce the first D to A
Converter that would keep up with the inevitable changes going on in the digital world. We've kept that promise, and the
DA-10, along with the DA-11 CD transport, include the latest, and possibly most important innovation in digital audio
yet—HDCD®. Hearing is believing, and anyone that hasn't yet experienced this phenomena ought to. And, as always,

owners of existing Counterpoint products are invited to update their units. Just call the factory for details.

HDCD®

AVAILABLE

If you're unfamiliar with the sound of Counterpoint Digital products, perhaps some words

from those you know (and trust) will convince you that an auditicn at your dealer is in order.

On the DA-10

“So what kind of animal is the Counterpoint? It is

very much in the top league. But above all else, it is
future proof. So as well as being both exotic and sexy,
the Counterpoint is goddam sensible..”.-Alvin Gold,
Audiophile Magazine, U.K.

“With their very first foray into digital, Counterpoint
has scored a quadruple coup...If one longs for the days
of analog tube sound...the moderately priced DA-10
will have them smiling from ear to ear, as they relax
with their CD’s as never
before.”—an IAR BEST Buy,
J. Peter Moncrieff.

In Vienna, noted musicolo-
gist Dr. Ludwig Flich put
ll the DA-10 in REFERENCE
CLASS, the highest rating.

3 In Japan, the DA-10 was

N sclected as COMPONENT OF
st THE YEAR by Stereo Sound.

On the DA-11
“If a transport can ever be described as near ideal,
then the DA-11 deserves that accolade...That’s the
kind that this
transport/dac(DA10/11) has on offer: the music comes
alive in the living room.”-Eric Braithwaite, U.K.
“By building such quality from relatively modest

of musical involvement

blocks, Counterpoint has demonstrated a mastery of
the digital medium. A mastery that demands our rec-
ommendation..RECOMMENDED COMPONENT,
HI F1 CHOICE , U.K.

“Mixed in with the big boys
($7,000 plus prices (sic)) the

Counterpoint

survived
AN RECOENITION

COUNTERPOINT ELECTROMIC SYSTEMS, INC

Counterpoint DA- ||

remarkably unbloodied...each
had its own strengths. The
DA-111? Its strength is its o

INTERNATIONAL
WINTER
LUNS MR
FLECTROMES SHOW"

DESIGN & ENGINEERING AWARD

unparalleled delicacy and
overall coherence.”-KEN

KESSLER, HFN&RR, UK.

We'd love to hear what you have to say. Please call for your nearest Counterpoint Authorized Dealer.

COUNTERPOINT. THE Aupio TECHNOLOGY COMPANY.
2281 Las Palmas Dr., Carlsbad, Ca. 92009. Toll Free: (800) 275-2743. Fax: (619) 431-5986.
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MY DISC
SHEFFIELD/A2TB
TEST DISC

The Sheffield / A2TB Test Disc

itical evaluation of audio components. listening

ironments. and yoor. critical fisteni

very useful addition tc your
CD library, My Disc is the re-
sult of a collaboration be-
tween audio consultants
Richard Clark and David
Navone, publishers of Au-
tosound 2000 Tech Briefs, and Oscar
Ciornei and Doug Sax of Sheffield
Lab Recordings. My Disc not only
has musical selections (on the first
six tracks) but also has 80 tracks with
test signals and auditory tests. Many
of these tests cannot be found on
other CDs. For example, after tracks
7 and 8, which have very accurate

Company Address: c/o Sheffield
Lab, 1046 Washington St.,
Raleigh, N.C. 27605.

For literature, circle No. 95

signal levels at —20 and 0
dB, respectively, tracks 9
through 18 have octave-
wide warble tones that
are very useful for deter-
mining the response of
loudspeaker systems and
earphones. The center
frequencies of the war-
ble tones are 20, 62, 125,
250, and 500 Hz, and
2.5, 5, 10, 15, and 19
kHz. (The limitation of
‘the CD format does not
allow for signals above
20 kHz.) Each tone in
the series is 3 seconds
long, preceded by a 1-kHz refer-
ence tone for comparison. The
loudness of each of the tones should
be the same as that of the reference
tone if the fre-
quency response
of your system
is uniform. The
“warbling” of the
tones, from 20 Hz
to 19 kHz, helps
to prevent the
buildup of stand-
ing waves in a
room, especially in the lower fre-
quency range.

I really appreciate the thought that
went into making track 19, where
you’'ll hear a voice counting from 1
to 25. Although it may appear sim-
ple, it was recorded with a Briiel &
Kjaer instrumentation microphone
that makes the voice extremely nat-
ural, with no colorations or “en-
hancement.” This track can help you
assess colorations caused by your lis-
tening room’s reflections and stand-
ing waves; if you use it to help you
decide which new loudspeaker
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A USEFUL ADDITION
TO YOUR CD LIBRARY,
MY DISC HAS TESTS

THAT CAN'T BE FOUND
ON OTHER CDs.

system to buy, it will quickly sort out
the choices.

Tracks 20 and 21 are for identify-
ing right and left channels. Track 22
is a voice check for left- versus right-
channel polarity. Track 23 is a series
of four pulses; the first three are pos-
itive, and the fourth is negative. This
track has appeared before, as track
10 on The Sheffield/Coustic Setup and
Test CD (10040-2-T), a disc primari-
ly for car audio and home theater
systems. I have used this track to de-
termine, by listening, the correct ab-
solute polarity of the acoustic output
of earphones and speaker systems.
Because the test signals on track 23
are hard to capture on anything but a
digital oscilloscope, track 24 has a
continuous sine wave, with its nega-
tive side clipped, to allow a techni-
cian to see the proper polarity on an
analog ’scope.

Tracks 25 and 26 feature three
people talking, first individually and
then all at once. These tracks help
determine the accuracy of image
placement by speaker systems—and
your ability to use your speakers to
resolve complex sounds binaurally.
Tracks 27 to 32 will help determine
how well speak-
er systems and
room acoustics
are working to-
gether with re-
gard to image
placement and
coloration. You
will quickly hear
differences with
this test, allowing you to make ad-
justments in speaker placement to
minimize these differences.

Tracks 33 to 40 contain a 45-sec-
ond musical excerpt, recorded from
0 dB on track 33 to -70 dB on track
40. Track 41 is total silence. Track 42
is a high-frequency signal for use
with test instruments.

Tracks 43 and 44 have, respective-
ly, correlated and uncorrelated pink
noise. Track 45 has pink noise raised
in 1-dB steps every 3 seconds; track
46 uses 3-dB steps. Tracks 47 to 56
have third-octave filtered pink noise
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Subwoofer of the Year, ‘31, ‘92, ‘93 & ‘94, Aundio Video International

elodyne is the king of subwoofers. In fact, we're hear clearer sound — you'll feel it - all the way down to 18Hz

the only one that can honestly claim distortion of You'll get more convenience, too, thanks to the
P\ less than one percent. handy remote provided with the F-1500R. It puts all the
X ' Every Velodyne product is testament to the genius power of a Velodyne right at your fingertips.
of president and founder David Hall, who virtually re- Make theVelodyne F-1500R Powered Subwoofer
invented the modern loudspeaker. His patented servo- part of your home entertainment system, and feel the
controlled woofers and innovative designs mean you'il bass. It’ll make you proud you’ve chosen the very best.
Beyond Servo: Velodyne's patented anti-distortion circuit samples the woofer’s response 3,500 times each second, WXy
ensuring that only the audio signal is reproduced. With Velodyne the music comes through, error-free. |
® Te
Velodyne -
The Bottom Line Irr Bass™ :
. Velodyne Acoustics, Inc.» 1070 Commercial St Sujte 101 « San Jose, CA 95'12 - (108) 436-7270 .0t (800} 835-6396 © 1995 Velodyne Acoustics, Inc. All rights reserved. Velodyne is a registered trademark. \ oL
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}Des!inies were formed with the
strike of the bow. Joy or sorrow
were transmitted by the war drum
or great music. Through the PSB
Stratus Series of loudspeakers,
\with full range capability -and
bf'ute dynamic power you will be
ible to relive the destiny of those
have chosen to speak

Get a seatbelt before you
add a TV, a subwoofer and
a center channel to your
home-theater!

PSB — A UNIQUE VOICE
For your nearest PSB dealer call IN THE CROWD.

Toll Free 1-800-263-4641.
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from 31.5 Hz to 16 kHz. You could use a
Radio Shack sound-level meter to check the
frequency response of your system at differ-
ent room locations.

Tracks 57 to 59 have continuous and
warble tones for checking response and res-
onances. Tracks 60 to 62 contain sweeps, for
use with instruments. Track 63 has the mu-
sical note A, (440 Hz), to check speed accu-
racy of a CD player. Tracks 64, 65, and 66
have 100 Hz, 1-kHz, and 10-kHz tone
bursts. Tracks 67 and 68 feature 100- and
1,000-Hz square waves. The pur