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PANASONIC INTRODUCES DVD.
IT WILL DO FOR MOVIES
WHAT THE CD DID FOR MUSIC.

L
-

Remember the first time you heard a CD?
You didr't just hear the difference, you felt
it. Prepa-e yourself. That's what Panasonic
DVD is about to do for movies.

A DIGITAL PICTURE THAT'S TWICE AS
SHARP. You know what most rental movies
look like. Now imagine one that's twice as
sharp. That's the difference DVD can make.
DVD is capable of 500 lines of horizontal
resolutior; more than twice that of the indus-
try standard for most rental movies.

5.1 CHANNEL DIGITAL SURROUND SOUND.
You can tzll you're watching a movie on
CVD with your eyes closed. For example,
the rumblz of an earthquake will roll through
you. Its Dalby** Digital (AC-3)* surround
sound has 6 separate channels, including
one for a subwoofer, for theater-like sound in
your home.

MOVIES ARE JUST THE BEGINNING.

DVD is more than just the ultimate entertain-
ment macine playing movies and music
CDs. One DVD disc can hold the equivalent
of 11,500 floppy discs. That means for
computers, video games and business the
possibilities are endless. And that's just the
peginning. For more information call toll free

P ™

" Made possible by

Nasonic
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YQU Need Mogﬂe

Any cable can transmit electrical signals from one video or audio component to another, or from amplifiers to
speakers. But, for a great viewing or listening experience, with sharper, more lifelike pictures and richer, more
musical sound, you need more than just cable. Ordinary video and audio cables, even “high-end” types, can
alter critical signal timings and phase relationships, irreversibly degrading picture and sound quality.

That’s why MIT’s founder literally invented high-performance interconnects and speaker cables, creating a new
category of components called Interfaces. MIT’s fundamental patents in high-performance cable design mean
that only MIT can bring you Interfaces scientifically designed to eliminate the non-linearities and distortions
caused by other, ordinary cables, no matter how expensive they may be.

If you watch and listen for the subtleties of picture and sound quality that are the hallmarks of great viewing and
listening experiences, you need MIT’s Home Theater Terminator System Interfaces. The hard smenc,e behind
MIT’s remarkably affordable Interfaces reveals the full potential of your high performance home theater system
Until you use MIT Interfaces, you'll never know just how good your system can be.

Patented MIT Terminator Network

MIT's patented Terminator Networks are the heart of MIT's performance superiority. They enable MiT's Home
Theater Terminator System interconnects and speaker cables to deliver sharper, clearer, more lifelike
pictures and to provide better bass, clearer midrange and smoother treble sound, with
enhanced sonic focus, imaging, and soundstaglng

MIT’s fundamental technolo
and speaker cables cal

and audio pl

1'4:._4. our assuranc

New RCA connector

MIT’s Home Theater Terminator System interconnects feature new
high-performance RCA-type connectors. These machined, gold-
plated connectors feature bifurcated center-contact pins and multi=
- ™ s 3 contact shield connections for unimpeachable signal integrity. They
g:::: e é?;?':yhsigrgneable : properly match the cable for highly efficient energy transfer and out-
standing picture and sound quality.

MIT’s exclusive iconn system for speaker cable connections is so

Innovative, it has a patent pending, and every Home Theater ; e :
Terminator System speaker cable has it. Thanks to iconn's five With MIT Home Theater Terminator System Interfaces starting at just $29.95

interchangeable connector types, you'll always have the right {MiTerminator 6, not shown), MIT’s remarkably affordable Terminator
connector to fit the terminals on your amplifier and your speakers. technology can improve the performance any system.
iconn’s gold-plated connectors assure uttra-low contact resistance
and contamination-free connections for best sound quality.

More Than Just Cablel!” 'MI'I'®

www.mitcables.com



Miterminator'2 [l zip cora Superior Final Energy Component

B tvpical high-end cable Cables transmit most of the audio signal energy passing through them directly to the next com-

ponent or to the speakers. They also briefly store and then release small amounts of energy that
have huge effects on sound quality. MIT calls this stored and released energy the Final Energy
Component. As shown in this representative plot of speaker cables (which are normalized to 1
Jotile for clarity), the Final Energy Compcnent in ordinary 12-gauge “zip cord” and a typical high-
end cable is non-linear — It changes value with signal frequency. This nonlinearity inevitably
causes distortion and the loss of both tonality and image integrity.

MIT discovered that increasing the Final energy Component of cables already having outstanding
electrical characteristics dramatically improves their overall signal quality. By employing the
patented MIT Terminator Networks to stere and release energy at the correct levels and times,
nonlinearities are greatly reduced or eliminated. This superior Final Energy Component is a major

1000
Frequency (Hz) factor in the superb signal quality of Home Theater Terminator System Interfaces.

Superior Efficiency Miterminator'2 [l s cord

NIT quantifies how well cables maintain correct phase relationships between audio signals’ 1 B tvpical high-end cable
wltages and currents as Efficizncy. When cables maintain perfect phase relationships, all of
the signals’ Final Energy Comgonent transfers to the next component or to the speaker with
100% efficiency. Ordinary cadles' nonlinearities make them much less efficient at low
frequencies than at high frequencies, as shown for “zip cord” and fof an ordinary high-end
soeaker cable. The sonic results are noise, distortion, loss of image quality, and excessively
“bright” treble sound.

Efficiency

As you can see from the plot, MIT's patented Terminator Networks give the Home Theater
Terminator System Interfaces & huge advantage over ordinary cables, raising low-frequency
etficiency and “flattening” the overall curve. This means that MIT Interfaces deliver far more
accurate picture and sound quality, with lower noise than ordinary cables can. Although the

pot shows speaker cables, the results also apply to audio interconnects. 1000 10000

Frequency (Hz)

Superior Imaging

Three-dimensional graphics of a typical listening room represent the sonic image quality produced by three different speaker cables. The blue, red and yellow areas
Indicate the image size, while the musical notes represents the quality of image focus.

Tte biue area produced by ordirary 12-gauge cable is tiny, indicating a small overall image, and the.blurry note indicates that the image is unfocused and poorly defined.
Tre result is a constricted, uncenvincing image lacking breadth, depth and life.

The red area produced by a typical “high-end” cable is larger, but is still too small to create a convincing, lifelike soundstage. The blurry note indicates poor image focus
within the larger, but still small mage area. The result is a somewhat targer image that only makes the lack of focus and definition more obvious and disappointing.

The yellow area produced by the MITerminator 2 is convincingly large, with the breadth and depth to create a lif2like
soJndstage. The sharp, clear noze indicates solid image definition and focus throughout the audio spectrum. The superior
Final Energy Component and Efficiency
provided by MIT's Home Theater Terminator
System technology deliver natural, tightly
focused and solid images that preserve the
int2grity of the sonic event. Only MIT's
patented Terminator technology can achieve
this level of performance in your system.

Experience the improvements of MIiT’s Home Theater MIT IIOME THEATER
Terminator System Interfaces in your system! IH"I‘S

Mast MIT retailers offer a risk-free home trial program. Call 916-888-0394 for the location of your nearest MIT dealer.

Our components make your components better!
Music Interface Technologies™ MIT products are manufactured and sold by CVTL, Inc., Auburn, CA, USA Distributed in Canada by Aralex Acoustics (604) 528-8965
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aradigm’ Reterence Wins

he Best of 1997 Awards!

VIDEQ
BEST

Video Magazine's

Home Theater System of the Year

RudioVideo International

Sound&Vision

CAITIC'S CHOICE

AWARD

Sound&Vision
Critics' Choice Award

“Phenomenal...Highly Recommended!"

- Don Keele, Audio Magazine

“Skin Tingling...Truly Topnotch."

- Julian Hirsch, Stereo Review

“Outstanding...I Surrender..."

- Greg Petan, Audio Adventure

“Extraordinary...Bravo Paradigm!”

- Andvew Marshall, Audio Ideas Guide

d,% ith years of design expertise and a state-of-the-art in-house R&D facility,
V¥\/ Paradigm engineers and acousticians set out to build the world’s finest
speakers, regardless of cost! The result is Paradigm Reference...electrifying and
eminently satisfying high-end speaker systems that bring you closer than ever to

the live event!

LCR-450
LeffCenteriRight

Esprit/BP
Bipolar

Eclipee/BP

Bipolar Center Channel

Grand Prix Product of the Year

And, while chis stunning performance heightens the sheer enjoyment of music, it
is equally important for the best in home theater sound, especially now with the
arrival of digital AC-3 and DTS,

We invite you to visit your nearest Authorized Paradigm Reference Dealer and
experience this astonishing new reference standard in music and home theater
sound for yourself!

PARADIGM® REFERENCE

THE ULTIMATE IN HIGH-END PERFORMANCE FOR MUSIC AND HOME THEATER™
rized Puradign Refe
Fall: ¢ (7
dge, ON' L4L 3P5 (905) 850-2889

© Paradigm Electronics Inc.+ Bavan Corp

CIRCLE NO. 18 ON READER SERVICE CARD
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s usual, the audio industry
gathered in Las Vegas for a bit less
than a week of January to
participate in the annual Winter
Consumer Electronics Show. And

as anticipated, this year’s CES was
effectlvely the DVD Show. Announcements
of players and marketing plans were all
around, as were demonstrations. Just about
every full-line, mainstream A/V electronics
manufacturer got into the act. And one
company, Akai, is using the opportunity
to reenter the U.S. market after an absence
of several years.

At least as important, however, were
the announcements from major movie
studios—Warner Bros. and Sony Pictures
(Columbia/TriStar), in
particular—because the
hardware side has been
ready to go for months.
It will be several years
before the depth of the
DVD library approaches
that of tape or laserdisc,
but of course, the same
was true for CD versus
LP and cassette at its

Although not mentioned by any of
the format’s promoters, another thing
[ think we must expect, especially in
the beginning, is variation in the quality
of DVD releases. Good MPEG-2 video
encoding hardware in skilled hands can
yield superb picture quality, and most
of what I have seen from DVD so far has
reflected that. On the other hand, it can
look pretty bad if handled sloppily, and
I’ve seen some of that, too. As with CD or
anything else, the technology itself is not
the sole determinant of quality.

If the focus on DVD at this CES was no
surprise, the buzz about new speaker
technology definitely was. It is so rare for
anything fundamentally new to emerge in
loudspeakers, yet this year
we seem to be awash in
innovation, particularly
with respect to flat-panel
speakers. In that arena,
the biggest splash is being
made by NXT, a division
of the Verity Group
(the parent of Mission,
Wharfedale, and Quad).
Ken Kessler first reported

introduction. Warner
said it will price DVD releases the same as
their VHS counterparts; Sony said its
releases would be priced between VHS and
laserdisc. And Blockbuster Video joined
Sony in announcing a joint DVD rental
promotion.

Sony’s presentation was also notable for
its measured tone. The company is
approaching DVD very much the way it
did CD 15 years ago. Sony’s first player will
be a premium model, for example. And
spokesmen stressed that there is a great
deal more to launching a new format
than just getting machines into stores.

In particular, the DVD mastering and
production infrastructure is in its infancy
and will take time to develop the sort of
capacity now available for other media.

on that development here
a couple of issues ago in “Mondo Audio.”
We expect to have more to say about it and
other contenders in the months to come.
Meanwhile, this issue kicks off the DVD
era with Ed Foster’s introduction to the
technology and reviews of two of the first
players to hit the market. More to come

S0

on that, as well.
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KreII KAV-300:

M/J the introduction of the Krell Audio+Video

line, entry into the world of high performance
audio has just become more accessible. The new
Krell KAV-300; integrated amplifier delivers
sonic quality never attainable before at this
price level.

Integrated is the key word here. The KAV-300i
integrates Class A,
controlled preamplifier with a potent 150
watt/channel power amplifier that just happen
to share the same chassis. The KAV-300i also
shares the same engineering, production and

a discrete, remote

parts quality as every other Krell product
manufactured at our Connecticut factory.
In fact, the proprietary output devices used in

T H E KAV-30060/:

I NTEGURATED

The Price of Admission
has Just Changed!

the KAV-300i are identical to the ones used
in our reference amplifiers. Innovative
engineering, unmatched capabilities, flawless
build quality—fundamental elements of the
KAV-300i and standard in all components

bearing the name Krell.

The KAV-300i—Out of
this world performance at a
real world price.

Under $2,400. From
Krell—The Leader in o
Audio Engineering. “ff" Alldl0+VId€0

The Krell KAV-300:

A M P L I F I ER

KRELL = 45 Connair Road = Orange, CT 06477 = Phone: 203-799-9954 = FAX: 203-799-9796



Dear Editor:

I cannot let Corey Greenberg’s “Front
Row” column in the October 1996 issue,
“King Uszniewicz in ’96,” go without
comment. Greenberg laments that the best
of today’s bands—Blues Traveler, Smashing
Pumpkins, Oasis, The Dave Matthews
Band, Hootie and The Blowfish, and Nine

» «

Inch Nails—are “boring,” “phony,” and
“the pits.” He insinuates that today’s rock
is homogenized and has been robbed of all
the spirit and energy that originally
distinguished rock 'n’ roll.

Well, this generalization is an outrage, a
travesty, and a mistake of Biblical
proportions, because The Smashing
Pumpkins do have one good album: Gish
(Caroline CAROL 1705-2) [reissued as
Virgin V21Z-39663—Ed.]. With influences
of Hendrix, meticulous drumming, and
dueling guitars, this record kicks you in the
gut like the best of ’em. Interestingly
enough, the best I have ever heard Gish
sound was on a pair of NHT 3.3 speakers
driven by an Aragon 4004 Mk II amp. Mr.
Greenberg, if you are lucky enough to find
such a system, run to the nearest record
store and get a copy for yourself. You will
not be disappointed. To borrow a phrase,
they just don’t make music like that
anymore. But I'm not sure they ever did.

Dan Dzuban
via e-mail

Power Meter Reader
Dear Editor:

I bought a Technics SA-TX50 receiver in
July and am very happy with it. I was a
little disappointed that Edward ]. Foster
wasn’t as impressed with his test sample in
his December ’96 “Equipment Profile.”

I would like to clarify one part of his
review. The SA-TX50’s tone controls are
bypassed only in the THX Cinema mode.
Bass and treble are still adjustable in regular
Dolby Pro Logic mode and in mono.

I bought this receiver for one main
reason: | fell in love with its analog power
meters of yesteryear. Its unusually high

price may be due to THX certification, but
I am very impressed with the sound that

*now comes from my 14-year-old Acoustic

Research AR-91 speakers.
Ben Burke
via e-mail

Down Where It Hz
Dear Editor:

In the January, issue Tom Nousaine wrote
about a set of eight 12-inch subs (“Boom
for the Buck: How Much Woof Does a Sub
Buck Buy?”) whose bass extended down to

12 Hz. I'd like to get more information on
this setup. What drivers were used? And,
when Nousaine says “infinite baffle,” does
he mean these were front-firing, loaded
essentially into a 450-cubic-foot sealed
enclosure (where the box happened to be
an existing attic eave—with insulation, I
imagine)?
Audiophile Mark
via e-mail

Author’s Reply: In a recent issue of Speaker
Builder (No. 5, 1996), there is a detailed
description of this sub system, including
photos. The system is as you described:
infinite baffle, lots of piston area, and
woofers with big linear excursion loaded
into an attic eave.—Tom Nousaine

Does Sunfire Ring True?
Dear Editor:

I enjoyed Tom Nousaine’s article on
subwoofers (“Boom for the Buck”). With

AUDIO/APRIL 1997
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all the subwoofers Nousaine tested, I’'m
surprised he didn’t mention the Sunfire
True Subwoofer, which is certainly the
most unusual sub on the market. If the
Sunfire really delivers tremendous bass
with low distortion out of an 11-inch cube
for $1,250, it’s a breakthrough. I hope
Audio reports on it in the near future.

Also, I have a question regarding home
theater setup. Will bipolar speakers work
well for the surround channels in a Dolby
Digital (AC-3) setup? I’ve got direct
radiators in front.

Jeff Johnson

via e-mail

Author’s Reply: 1 wrote the article before 1
got my hands on the Sunfire. It’s an
interesting sub, in that it is very small, but
it delivers only average output—a little less
than 100 dB over the range from 25 to 60
Hz. Although it is true that not many
“tiny” subs will reach down to 25 Hz, the
Sunfire is quite expensive and most notable
for its size, not its performance. But it does
do some things very well, and it has a really
great limiter that won’t let you damage it,
no matter how ridiculous you get with the
volume knob.

To answer your home theater question,
bidirectional speakers work best for the
surround channels, no matter what the
format.—Tom Nousaine

Erratum

Our “Equipment Profile” of the Manley
Laboratories Reference D/A converter
(January issue) contained an editing error.
After discussing how the Manley uses 6 dB
of analog attenuation for non-HDCD
recordings, the review stated that doing
this in the digital domain (as some D/A
converters do) would “reduce non-HDCD
signals to 15 bits.” This would be true for a
simple 16-bit converter; however, a 20-bit
converter’s effective resolution would be
reduced only to 19 bits, and an 18-bit DAC
would still have 17 bits of effective
resolution. Our apologies for the error.

Incidentally, the review did not mention
that the other three D/A converters used by
Bascom King while reviewing the Manley
Reference also had HDCD decoding
capability. These converters were the Sonic
Frontiers SFD-2 MKII, Classé Audio DAC-1,
and Dodson Audio DA-217.—LB.

Photo: © 1997, David Hamsley



Clearly
better.

When one of the best loudspeaker
engineering teams in the world advances its
state-of-the-art technology, you'd expect
the result to outperform the competition.

It does.

KEF’s new Q Series, with its distinctive
clear cone Uni-Q drivers, delivers a more
precise stereo image, over a wider
listening area, than any
conventional loudspeaker can.

This latest advance in KEF’s
patented technology delivers
even smoother midrange
response and clarity that’s

simply stunning,

From bookshelf to 3-way £oorstander,
the entire range is magneticelly shielded
for Home Theatre use. Amd because
aesthetics are integral to gcod design,
the two largest models incorporate
KEF’s new ‘racetrack’ bass unit. With
the performance of an 8 inca driver in
tae space of a 3 inch, it
preserves the slim elegant

Q Series design.
With  -he new
Q Series, the competition

have been decsively out-

classed. The difference

is clear.

The experience
of sound

MODELS SHOWN ARE THE Q SERIES COMPRISING THE Q15, Q35, @55, Q65, Q75 AND Q95C. KEF AND UNI-Q ARE REGISTERED TRADEMARKS. UNI-Q IS PROTECTED UNDER GB PATENT 2 238929.

U.S. PAT. NO. 5,548,657. WORLDWIDE PATENTS PENDING. KEF ELECTRONICS OF AMERICA, INC, 89 DOUG BROWN WAY, HOLLISTON, MA. 01746. TELEPHONE: (508) 429 3600.
CIRCLE NO. 13 ON READER SERVICE CARD




Ve i

996 Sony Electronics Inc. A'Il.rigl'ns reserved. Sony and €S are trademarks of Sony. hitp:/www.sony.com
g




i

Some people appreciate the differe . en compact disc players.

med Sony CDP-XA7ES.




WHAT'S NEW

Mlolded in modern ABS
resin cabinetry and finished
in matte black, NewWave is
a compact subwooFer/sote“ite
system that is upgradable to @
six-piece home theater system.
The powered sub, just 11 inches
square, houses an 8-inch woofer
and a 50-watt built-in amp with
auto standby. NHT says usable
response extends to 40 Hz. Each

7% x 412 x 4-inch magnetically
shielded satellite has a 3Vz-inch
midrange driver and ¥s-inch
soft-dome tweeter. Variable
low-pass and fixed high-pass Flters
are built in. Prices: complete
home theater system, $750;
subwoofer and two satellites,
$495; home theater upgrade
pack (three satellites}, $255.

For literature, circle No. 100

CASTLbohoOutiiibesns P-£ A K E R

The Tay is a compact,
two-way system built in
England. It uses a Castle-
designed-and-built 5-inch
bass/midrange driver, with
1va-inch Kapton voice coil
and rubber surround, and

a 1-inch polyamide-
laminated soft-dome
tweeter, the latter ferrofluid
cooled. The crossover
frequency is at 2.8 kHz in

a second-order alignment.
The port-loaded bass-reflex
enclosure

10 inches and
has gold-plated
input terminals
for bi-wiring.
Sensitivity is
specified at

87 dB at 1 meter
with 1 watt
input. Price:
$749 per pair.
For literature,
circle No. 101

measures 17 x 8 x

Advent Speaker

As part of the B,R series

(Bach to Rock), the Ruyy is said

to offer clear, precise
reproduction of all types of
music. The bass-reflex
enclosure, which measures
15 x 9 x 8% inches, houses

a 6%2-inch long-throw woofer
and Yz-inch tweeter. Frequency

response is rated at 53 Hz to
20 kHz, +3 dB, with tweeter

dispersion specified as +1 dB to
13 kHz over a 30° angle, vertical

or horizontal. The 8-chm

system’s peak power-handling
capacity is said to be 225 watts.

Price: $249 per pair.
For literature, circle No.102

BOSE HOME THEATER SPEAKERS

The Acoustimass 10 offers
a stylish and virtually
invisible home theater setup
with its five tiny,
magnetically shielded,
double-cube speaker arrays
and compact bass module
that can be hidden behind
drapes or a couch. The cube
arrays, each of which houses
a pair of 2V2inch cone drivers,

AUDIO/APRIL 1997

measure just 64 x 3 x 4%a
inches. Bose says the arrays’
identical drivers produce

a consistent timbral and
spcticl perspective for the
main, center, and surround
channels. The bass module
has three internal 5Va-inch
drivers. Price: $1,299

in black or white.

For literature, circle No. 103




“0f the interconnects | know
well, my top choice is
Esoteric’s Tech 211 series...”

\./i 2
‘_

Lawrence B. Johnson
Stereophile Guide to Home Theater, Vol.1, No.1, 1995

..Only From Esoteric Audio.

Lawrence Johnson knows cables. A reviewer of
his status receives an abundance of high end
cables for review. So, we were honored that he
selected our Tech 211 as his top choice. And
honored again when he excitedly re-wired his
entire studio with it. Lawrence Johnson
recognizes that Esoteric Audio cables are
superior to any other brand. So is Esoteric
Audio the company. We are the only cable
manufacturer serious enough about high end
cables to be “hands on” in every phase of
design and engineering, materials selection, and
manufacturing with strict quality control
employed at each step.

So it’s your choice. You can demand the “state-
of-the-art” cable brand built by the world’s
leading cable manufacturer, or you can settle for
second-rate brands from other cable suppliers
that are made by someone else in somewhere
unknown. Lawrence Johnson chose Esoteric
Audio. You should too.

Available at premier audio retailers in your area.
Call us for your nearest one.

(770) 867-6300 44 Pearl Pentecost Road, Winder, Georgia 30680
CIRCLE NO. 9 ON READER SERVICE CARD



MARANTZ

PROGRAMMABLE REMOTE

The RC2000 learning remote’s
large, backlit LCD panel has an
alphanumeric display that
automatically relabels itself when
you select the component you
wish to control. As many as
32 individual commands for
each component can be stored,
and macro keys can transmit
20 commands at the touch of one
button, in any order you choose.
The keypad’s buttons are different
sizes and shapes and are grouped
according to function. A built-in
sensor automatically activates
backlighting as the room gets
dark. Price: $250.

For literature, circle No. 104

SONY DVD PLAYER

The DVP-S7000 is definitely
high end, says Sony, because
a proprietary 10-bit video
D/A converter is used following
MPEG-2 decompression, to yield
picture quality that approaches
that of the digital videotape

DVDs and CDs. There's also a
32-bit microprocessor to enable
Smooth Scan, for seamless
picture scanning in forward,
reverse, or frame-by-frame
mode. Composite-video, S-video,

and component-ilideo outputs

master. Further, a Dual Discrete
optical pickup, with separate red
and infrared laser diodes, is
optimized to track the different pit
sizes and substrate thicknesses of

are provided, as are coaxial
and optical digital audio
outputs. Price: $1,000.
For literature,

circle No. 105

Sennheiser

Wireless Headphones

The RS 6's transmitter
base and companion HDR 6
stereo headphone with
integral RF receiver operate
at 900 MHz. The system is
said to have a range of
250 feet in any direction, indoors
or outdoors. Three switchable
frequencies are available
to ensure clear reception
The lightweight supra-aural

headphone has an adjustable
headband and is powered by
a rechargeable battery that
yields up to 3 hours of listening
per charge (the base unit has
two recharging ports for extra
batteries). A built-in filter
squelches interference from
amateur radio transmissions.
Price: $269.95.

For literature, circle No. 107

As its name implies, the
Expandables rack can be
stretched from its original
7%2-inch length to 11% inches.
Fully expanded, it can hold
25 CDs and can also be used
to hold audio cassettes, game
cartridges, and other media.
Two removable dividers can be
used to group CDs. The rack is
available in black with red trim
or in ivory with blue trim.
Price: $9.99.

For literature, circle No. 106
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ULTECH AUDIO
CD PLAYER A

Dual 20-bit Burr-Brown

D/A converters are used in
the UCD-100 Compact Disc
player to reduce conversion
errors, and HDCD decoding
is built in. The UCD-100 also
has a multimode time
display, flexible track
programming, and a remote
control. Price: $895.

For literature, circle No. 108




Every little bit

Y gtoooe

In our never ending quest for
reproducing the fine quality of a
live performance, we took our award
winning and critically acclaimed
GCD-600 and made it a bit, actually
four bits, better.

We added the latest Burr Brown
20-bit ladder-type D/A converter —
the same one used in our GDA-700
separate Digital-to-Analog converter. The result is
 level of sonic performance usually reserved for stand

e D/A converters and C/D transports.
"ut that’s not all we did. To achieve the lowest
~ise and distortion, our GCD-700’s analog
ires the same Class A amplifiers we use in
e-line GFP-565 preamplifier.
"D-700 also boasts a superior power supply

counts.

Introducing
Adcoms

GCD-700
CD player.

U.S.A. (908) 390-1130 « Distributed in Canada by Pro Acoustics, Inc. Montréal, Quebec (514) 344-1226
CIRCLE NO. 2 ON READER SERVICE CARD

with two transformers. One for
the analog section and one for
the digital section, each housed on
separate circuit board assemblies
to eliminate EMI and RF interference.
By now you're probably asking
yourself, “How good
does it really sound?”
Let your ears be the
judge. Visit your Adcom dealer for a
demonstration of this remarkable new
player. You’ll discover that the new
GCD-700 sounds exceptional and is
sensibly priced. What else would you
expect from a component that is every
bit pure Adcom?

ADCOM

details you can hear

© 1995 ADCOM
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Repairing a KLH 21 Radio

The on/off switch that is part of the

volume control on my 20-year-old
KLH Model 21 able radio recently failed. I
took it apart, and the switch has actually dis-
integrated. The control is something like a 60-
kilolim linear mono with a 30-kiloln tap,
but I can’t find a replacement. I tried all my
usual sources, even Antique Electronics, in
Tempe, Arizona, but had no luck. And al-
though I can open up the switch, its body is
welded to the volume control. Can you sug-
gest where I might find a replacement? It’s a
great radio, so 'd hate to lose it.—Chuck Di-
Giorgio, via e-mail

I don’t know where parts for your ra-

dio can be found. However, assuming
that the radio works well in other respects,
the volume control should be reinstalled.
The wires from the switch can be extended
to a place on the chassis where you could
install a separate power switch.

It this is not convenient, jump the origi-
nal switch wires together so that the radio
will come on immediately when it is
plugged into the wall outlet. Then you can
get a switch that can be wired into the pow-
er cord, just like the switches sold in light-
ing stores for table and floor lamps. Thus,
you’ll have a perfectly fine way to apply or
disconnect power from your radio.

Connecting an Equalizer
Q Living in Argentina, I find it hard to

obtain information about audio. How
do I connect an equalizer to iny new receiver?
I connected iy tape deck to the equalizer and
the equalizer 1o the receiver’s tape 1 input,
but I can equalize only the sound from the
tape deck. I want to equalize signals fronm my
CD player, VCR, and laserdisc player—Ma-
tias Helman, via e-mail

Some equalizers enable the connec-

tion of a tape recorder in such a way
that recording and equalizing functions will
not be lost. Check the owner’s manual to
see if your equalizer has this ability. Howev-
er, since you mention using a tape | input
to connect the equalizer to your receiver, I
presume the receiver also has a tape 2 input.

If so, hook up its “Tape Out” connections
to the inputs of your equalizer. The output
from the equalizer should be connected to
the tape 2 “Tape In” jacks on your receiver.
The tape recorder should be connected to
the appropriate jacks of tape 1.

Alternatively, if your receiver lacks a tape
2 connection but has “Pre-Out/Main-In”
jumpers, remove those and connect the
equalizer’s input to the “Pre-Out” termi-
nals and the output of the equalizer to the
“Main-In” terminals. This should enable
you to equalize any signal connected to
your receiver. However, leave the receiver’s
bass and treble controls centered; use the
equalizer to make tonal adjustments so that
you won’t risk overdriving the equalizer’s
input section.

Leakage During Recording

Q

all the way down, I can very faintly hear the

After I record a blank interval on a
cassette by turning the recording level

source I was listening to during playback.
Shouldn’t there be no sound at all? I find
this annoying when I want to erase a tape
for later reuse—Mark D. Mina, Costa
Mesa, Cal.

Ideally there should be no sound

recorded onto a tape even when you
are listening to an independent program
source. In practice, some signal can find its
way onto a blank area even when the record
level has been turned down fully. At its low-
est setting, the record-level potentiometer
should have a 0-ohm resistance between its
slider and ground. If this resistance is too
high (and I don’t know how much it has to
be in order to be “too high”), signal will get
onto the tape. This is more common with
CD playback because a CD player’s output
tends to be higher than that of other pro-
gram sources.

Some recorders have an audio stage be-
tween their input connectors and the vol-
ume control. Signal can get around the vol-
ume control through common coupling of
the circuitry in the recorder’s power supply.
If the problem just appeared, decoupling
capacitors in the recorder may need to be
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replaced to keep the impedance to stray au-
dio signals at as low a value as possible. If
the problem has always been with you. it is
likely there is nothing you can do about it
other than shutting off program sources
while you’re trying to record silence.

In any case, don’t use your cassette deck to
erase tapes. This adds unnecessary wear on
its heads and transport mechanism. You can
make very quiet erasures by using an AC
bulkeraser (such as Radio Shack Catalog No.
44-232). The process is fast, and the tapes
will be available for reuse immediately. Be
sure to follow the eraser’s directions so that
you don’t introduce any extraneous naise.

Cassette to CD-R Transfer
I want to transfer a live recording |

Q made on casseite tape to CD-R by
dubbing the tape to a PC’s CD-R drive
through a sound card. I need to use a com-
puter CD-R drive because the performance
will fill up two 74-minute CD-R blanks. Will
I get better sound quality if I first dub the
cassette to DAT (thereby taking advantage of
the DAT recorder’s higher-quality A/D
converters) and then transfer the DAT te the
computer’s hard drive through the DAT
deck’s digital output? What sampling rate
should I use for recording? What cables will
I need? Are there any other ways of doing
this transfer that would yield better
sound?—John P. Penaloza, via e-mail

If the sound card on your computer

has digital inputs, it would likely be
worthwhile to make a digital copy of the
cassette with the DAT recorder—provided
your DAT deck can record analog signals
at the 44.1-kHz sampling rate (48-kHz
sampling isn’t compatible with CD-R).
Dub the DAT digitally, in real time, to the
computer’s hard drive by using the sound
card’s S/P DIF inputs. Make sure y
hard drive can store at least 74 miny
digital stereo, too; that consup
chunk of memory. Then you sz
PC’s software to edit an
recording to CD-R. Also, |

1f you have a problem or qu«

write to Mr. Joseph Giovanel

zine, 1633 Broadway, New Y

via e-mail at JOEGIO@delpi
are answered. [n the event tha'
sen by Mr. Giovanelli to app:
please indicate if your name
be withheld. Please enclose a

dressed envelope.

7



ASTONISHING!

INTRODUCING THE ALL NEW...
PARADIGI® MONITOR SERIES

A s a world leader in speaker design, PARADIGM knows what is takes to make
great sounding speakers — from superb best-value budget audiophile
speakers, right through to sensational PARADIGM® REFERENCE high-end
systems. And now PARADIGM brings it's comprehensive design expertise to an
all new generation of the most affordable high-performance speakers the
market has ever seen. Introducing the exceptional new MONITOR SERIES.

el e e B i ey i s e i -

High-frequency drivers use our remarkable new PTD™ pure-titanium
dome along with our exclusive controlled waveguide to provide
outstanding, and utterly natural, high-frequency response.

Bass/midrange drivers utilize our unique ICP™ injection-

moulded copolymer polypropylene cones and high-pressure

diecast chassis’. This advanced cone design effectively
eliminates unwanted resonances and standing waves.

Add minimum diffraction grills, solid braced enclosures,
phase coherent crossovers, gold input terminals and what
you have is the pure, clear and uncolored sound of
PARADIGM’S astonishing new MONITOR SERIES.

We invite you to visit your nearest AUTHORIZED PARADIGM
DEALER and experience these remarkable high-performance
speakers today. The difference is... simply better sound!

ror miore informatian visit your nearest AUTHORIZED PARADIGM DEALER or contac
ADISTREAM, MPO Box 2410 Niagara Fall. NY 14302 (905) 632-0/80
In Camadat. ParaDIGM. |01 Hanlan Rd. Woodbridge. ON L4L 3P5 (905) 850-2889

websire: win. paradigy digr onics | rp. THE ULTIMATE IN HIGH-PERFORMANCE SOUND
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the cassette to DAT, disconnect the DAT
recorder from the computer; otherwise, in-
terference from the computer may affect
the DAT dubbing of the cassette.

If your sound card has only analog in-
puts, there is no advantage to using a DAT
recorder as an intermediate step between
the cassette and the CD-R. Bypass the DAT
deck, and connect the cassette deck to the
sound card’s inputs. The sound quality of
the sound card’s converters should be capa-
ble of preserving the sonic virtues of your
original cassette tape.

Dolby S Retrofit

What is Dolby S, and can I install it in

a tape deck that doesn’t have it? In
what way is it better than Dolby C noise re-
duction? With prerecorded tapes, how does
one know one is getting Dolby S? I was told
that some companies use metal tape in prere-
corded cassettes, but how are we supposed to
know which cassettes have normal, chrome,
or metal tape?—Name withheld

Dolby S is the consumer version of

Dolby Spectral Recording (SR),
which Dolby Labs developed for profes-
sional recording applications. Although
similar in operation to Dolby C noise re-
duction, it’s more sophisticated: Dolby S
divides the spectrum into more slices, so
low frequencies (along with mids and
highs) are also compressed during record-
ing and expanded during playback. This
suppresses the low-frequency “roar” that
becomes more obvious once treble hiss is
lowered (and Dolby C lowers it very well).
Although Dolby S confers only an extra 3 to
4 dB of improvement over Dolby C’s typi-
cal 73 dB of noise reduction, subjectively
it’s very effective: It essentially makes tape
noise inaudible. In theory, a tape deck could
be retrofitted with Dolby S noise reduction
if the proper ICs could be obtained. Howev-
er, I don’t think it would be worth the time,
trouble, and expense involved.

Any prerecorded tape produced with
Dolby S will say so somewhere on the pack-
aging or the label. And it isn’t all that im-
portant for you to know what type of tape
is used in prerecorded cassettes, because
tiny holes on the rear edge of their shells
“tell” most modern cassette decks what
type of tape has been used. Mechanical fin-
gers enter the holes and set the deck to the
proper bias and equalization. Besides that,

virtually all prerecorded cassettes are made
with 120-microsecond equalization, re-
gardless of the type of tape used. If 70-mi-
crosecond EQ is used, this will be marked
somewhere on the cassette,

PCM Recorder Dropouts
My VCR can make PCM digital audio

recordings, using the video heads and
the portion of the tape that normally carries
the video. I get dropouts when playing back
some of my tapes. I monitor my sources close-
Iy, so I am certain this is more of a playback
problem than a recording glitch. Do you have
any practical suggestions?—Ray Magaro,
Santa Ana, Cal.

Are you using cheap tapes? They are

likely to have poorly dispersed oxide
coating or wrinkled edges, either of which
can cause dropouts. At what speed are you
recording? Tape at the fastest speed possi-
ble; at slow speeds the helical tracks are so
close that they overlap, so any imperfect
head-to-tape contact will exacerbate data
loss and dropouts.

The tape path, including the drum and
the control head, may need cleaning, or
there may be a misadjusted tape guide that
could scratch the tape horizontally (i.e.,
across the helical tracks), which would like-
ly trigger dropouts. The recorder’s tracking
may be off. Adjust it during playback to see
if the dropouts can be eliminated.

The take-up and hold-back tensions may
not be correct. If tension is too loose, poor
tape wrap around the head drum will re-
sult. That, in turn, will mean poor head-to-
tape contact during recording as well as
playback. If tension is too tight, the tape
will stretch. Edge distortion during play-
back will make it impossible to reproduce
the composite envelope that mimics the
video signal.

There could also be problems in your
recorder’s electronics. These could range
from the simple (adjusting the record
head’s current or playback sensitivity) to
the complex (locating and fixing intermit-
tents anywhere in the electronics).

How well does this machine record
video? Are there irregularities in the pic-
ture? A video dropout may be barely visible
to the eye but could mean a huge chunk of
lost PCM data. If the video is of good qual-
ity and synchronization is rock-solid, the
digital circuitry may be at fault. Momentary
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through the braided shields of prono patch
cords. However, it’s usually necessary to run
a separate ground wire from the turntable
chassis to the receiver. On the other hand,
connecting a separate ground wire between
the two may sometimes create a ground
loop—and exacerbate hum—if the ground
is already made through the shields of
phono interconnects.

In the original question, the reader stated
that no hum was present when the tonearm
was on its rest, even when the platter was
turning; the hum occurred when the tone-
arm was over the playing area. If, as you sug-
gest, the cartridge was miswired or lacked a
proper ground, the hum would be very loud
regardless of the arm’s position, unless the
motor was just below the playing area. But
even when they are correctly wired and
grounded, not all cartridges prove to be
equally well shielded against hum from dif-
ferent turntables. One cartridge brand pro-
duces such bad hum with certain makes of
turntables that the cartridge manufacturer
offers a kit to help suppress it. A



S you al a speed of 760 mph.
aspeed of 671,000,000 mph.

es if aclually feel like it

Your pulse races. Your gut quivers. That little vein in your
forehead is throbhing. Senses—meet Toshiba DVD.

PLEASE, NO TALKING DURING THE SHOW

At Toshiba, we've developed the technology that fits up to
133 minutes of heart-pounding video and audio,
normally reserved for the finest cinepiexes,
for use at home on a disc the size of a CD.
Picture quality that's three times better than
VHS and audio recorded in full Dolby Digital
Surround Sound® on six discrete channels.
And, our madels can even play your favarite
compact discs. 3 5" {same as CD)

NO WAITING, NO FADING, NO RENOVATING
Because the discs are read by laser, there is never any need to
rewind a DVD. And, there's no chance of your favarite DVD
deteriarating with every play like a VHS tape. Finally, you won’t
‘ have to build an addition to your home to hold your E!Vm

packages are as streamlined and effmgﬁ.;
discs themselves. . "F'
s g

TALL, SHORT, OR
WE'RE READY m
Many DVD mavies will ¢
incredible options Qlw-HblM
including the ability to chan
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In Touch with Tomorrow

America Consumer Products. Inc., 82 Totowa Road. Wayne. Nj 07470 M

http//www.dvd.tashiba.com
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Miami Beach

Volume: 8

Body Parts:

Bouncing

JENSEN

Whattayadeaf?"

1-800-67-SOUND
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didn’t think CD packaging

could get more retro than the

cardboard gatefold packages of

Sony Classical’s Masterworks

Heritage reissues (see March is-

sue). Then, last Christmas, I ran
across J. J. Johnson’s Jazz Quintets
(Savoy Jazz CY-78813). Instead of
the usual jewel box, it came in a thin
cardboard jacket, like an LP. The
front of the jacket carried the same
graphic—and even the same number
(MG 12106)—as an earlier LP incar-
nation. And the liner
notes on the back were
a direct (if unreadably
small) copy of the
original LP notes, right
down to advice about
playing the record at
33% rpm with a 0.001-
inch stylus and the
RIAA curve. Like all

good LP jackets, it contained a paper
sleeve that held the disc itself, and
the disc’s label side was mostly black,
with simulated grooves!

That disc was one of the 32 CDs in
Denon’s Savoy Jazz MS 20-Bit Mas-
ter Transfer Collection, a limited edi-
tion that will likely be sold out (alas!)
by the time you read this. The series
featured extra tracks and premium
remastering from 78-rpm masters,
both of which I appreciate as a lis-
tener. But it’s the packaging that
really endears the J. J. Johnson disc to
me. The only way to make it more
authentic would be to reissue the
original 78s as three-minute CDs
that break when you drop them.

But cardboard isn’t used just for
reissues. Had I looked around the
record store a bit more, says Bill-
board magazine, I might have found
paper-packed CDs from Neil Young,
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Pearl Jam, Joni Mitchell, Wilco, Os-
car Peterson, and others. Some peo-
ple in the industry like the cardboard
packs, but more seem to be against it.
Cardboard jackets cost less than jew-
el boxes for multidisc albums but
cost more for one-disc albums.
When stores reorder discs, it takes
record companies more time to ful-
fill the orders, because the plants are
geared up for jewel boxes. Cardboard
gets dogeared and dirty (though
Savoy’s cardboard jackets came with
durable transparent outer sleeves),
and some cardboard jackets won’t fit
in stores’ racks. What record labels
and their artists do like is the clarity
of the graphics printed directly on
the package, with no plastic layer
over them.

So why not combine plastic’s
durability with cardboard’s looks?
That would give you the Q-Pack,
from the Queens Group, a printer

SIMPLE SCIENCE

Want a humbling lesson in how
easy it is to fool our ears? An ordinary
equalizer can provide one. Try adjust-
ing an equalizer by ear, listening to
music (not pink noise) and not look-
ing at meters or displays to tell you
what you’re doing. When you’re
done, use the equalizer’s bypass
switch to compare your “corrected”
sound to the original. Surprisingly of-
ten, the original will sound better.
Even professional audio designers
find that the new speaker that sound-
ed wonderful after they’d slaved all
day refining it sounds anything but
good the morning after. That’s why
we need to check our perceptions
against something objective, such as
the equalizer’s bypass switch or the
instruments in a designer’s lab.

One contributor to an on-line
speaker newsgroup told of yet anoth-
er reality-checking system: When he
makes a speaker modification that
sounds good to him, he tells what he
did to an out-of-town friend who has
the same speakers—but he does not
tell what he heard. If what the first guy
heard was real, the friend will proba-
bly report the same effects—if not, ei-
ther one listener is fooling himself or
some other factor is at work.




)

“...the ultimate home §peaker system’

V.1V, April/May 199

“T was blown away. . .awesome.”

Widescreen Review, April 1996

The foremost critics of America and Europe agree,
Polk’s SRT" system is “an astonishing achievement.”*

Matthew Polk, co-founder
and chairman

Critics have raved about the performance Because our program of fundamental
of Polk’s Signature Reference Theater™ research leads to products with unmatched
system. It uses five proprietary Polk performance and value.
technologies to bring you ‘Performance
Without Limits™ for movies and music. For the complete story of Polk mm
technologies and information on the The Speaker Specialists
But at $9,000;" the SRT is not for everyone.  entire line of Polk loudspeakers, call e e
That’s why we use many of its exclusive (800)377-7655 or visit us on the
technologies in our more modestly priced web http://www.polkaudio.com.
models. So whether you're looking for T Dealer Locator Number
speakers blg or Small' fOI‘ stereo or home " *Manufacturer's suggested retail price of “basic” home I 1-800-992-2520
theater, look to Polk Audio. theater configuration ‘u Ad code: 20008
WARNING: THIS SYSTEM IS CAPABLE OF EXTREME SOUND PRESSURE LEVELS. SRT SYSTEMS ARE 4:;’;’7”;}::?;;;“; iﬁ:’ﬁmﬁ;ﬂ?ﬂz :.:Z’:Z%Z:;Z

SUPPLIED WITH A SOUND PRESSURE LE'YEL METER TO HELP YOU ESTABLISH SAFE LISTENING LEVELS. Investment Corporation used under license by Polk Audio Incorporated.
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and packager in Long Island City, N.Y. The
Q-Pack is made of very tough, high-impact
sivrenc. Because styrene is opaque, labels
are glued to the outside of the box, not
slipped inside. Unlike the jewel box, which
is made of three pieces, the Q-Pack is in just
two pieces: The fingers that grip the CD’s
center hole are molded into the back, not
into a separate disc tray, and the back label
covers the resulting hole in the box. The
front label wraps over the top, which should
make browsing casier. And discs and book-
lets can be inserted by the same machines
that now insert them into jewel boxes. So
far, the Q-Pack has been used for The
Rolling Stones Rock and Roll Circus (Abkco
1268-2), Siemipre Selena (EMI Latin, 7243-
8-53585), N2K’s Enhanced CDs of Jazz
Central Station’s Global Poll Jazz Winners
(N2KE-10001) and Gerry Mulligan’s Lega-
¢y (N2KE-10002}), and Sony’s PlayStation
video game software.

How do the old and new boxes affect the
environment? Surprisingly, according to a
letter in Billboard, plastic has less effect, be-
cause it’s easier to recycle.

LIS TE NobubaGuul | M 1T

Even the least rontantic of us can’t walk
down the strect these days without hearing
music—either the thumpathump of pass-
ing cars’ sound systems or the tinny tunes
leaking from other pedestrians’ earphones.
Koss, a major earphone manufacturer, has
publicized the need for listening at what
many consider disappointingly sane levels.
Recently, France passed a law limit-
ing the output of all personal stere-
os sold there to 100 dB SPL. The
law also mandates a label on each
personal stereo to warn that high-
volume listening for long periods
can damage hearing. But there are
problems. The European Commis-
son may knock the law down as a
unilateral trade barrier. Some ex-

perts say that even sound-level
measurcments made by micro-
phones within the car don’t prop-
erly assess sound pressure at the
cardrum. And other experts point
out that there’s no guarantee what
level listeners will hear if they re-
place their earphones with more
(or less) efficient models.

WORLD'S COOLEST

A audio system’s bass quality de-
pends partly on how well the amplifier
damps the speaker diaphragm’s uncon-
trolled motions. An amplifier’s nominal
damping factor is the ratio of its output
impedance to the input impedance of the
speaker—the lower the output imped-
ance, the greater the damping.

In practice, however, resistance in the
cable between the amp and speaker be-
comes part of the impedance that the
speaker sees; this lowers the effec-
tive damping. A superconductive cable,
which has virtually no resistance at all,
would solve this problem.

Professor I. Lirpa has therefore been
following the progress of supercon-
ductivity research since monophonic
days. Early superconductors worked
only at absolute zero (-273° C), which
even Prof. Lirpa deemed impractical.
But researchers have now developed
“high-temperature” superconductors,
which can work at the temperature of
liquid nitrogen, a comparatively balmy
-196° C.

How loud are personal stereos now? Ac-
cording to an article in New Scientist
(“Falling on Deaf Ears” by 'lara Patel, June
29, 1990), the French retailer FNAC says
most of the personal stereos it sells max out
at 113 dB, though some reach 126 dB. (The
human threshold of pain is 120 dB, and

long-term exposure to sounds above 85 dB
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CABLE

Since a superconductive cable would
have to be bathed in liquid nitrogen to
work, it would be very thick and very,
very, expensive. After checking the cable
selections at his local high-end audio sa-
lon, Lirpa decided these requirements
would not deter prospective buyers and
began work on a superconductive addi-
tion to his cable line.

The product is not yet ready for mar-
ket, however. Although the cables no
longer leak sufficient cold to freeze lis-
teners’ feet, cold still leaks through the
junction between the cable and the
equipment it’s connected to. To owners
of Class-A amps, the resultant cooling of
amplifier output stages should prove
beneficial, enabling the amps to deliver
higher power without burning out. But
at the speaker end, it’s still a problem,
freezing the leads that connect the voice
coils so they crack when flexed.

Professor Lirpa is still optimistic
about the technology: “My motto has al-
ways been ‘Back to the drawing board!”
So I take these things in stride.”

can cause hearing loss.) One French audiol-

ogist tested 140 personal stereos and found
their average maximum output to be about
118 dB. Another audiologist found that
full-blast rock from personal CD) players is
at least 100 dB most of the time, with peaks
atabout 127 dB.

Still, the experts cited by New Scientist
disagree about how much all this affects
hearing. One researcher tound that people
who use personal stercos are twice as likely
to suffer temporary hearing loss as people
whao do not but that live concerts probably
cause even greater deterioration of hearing.
And some scientists in Britain and Sweden
believe that the link between short- and
long-term hearing eftects caused by loud
sounds is still speculative.

What about car stereos? Orion now la-
bels its car stereo packages as follows: “Take
care of your ears! High powered car audio
systems can produce sound pressure levels
in excess of 140 dB. Use common sense and
wear ear protection when appropriate.”
Well and good-—but remember that it’s
common sense not to wear ear protection
when vou drive.

H. Armstrong Roberts

©
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LOSING YOURSEEASE ON LISIT

Hearing a recording on the radio is free,
but chancy. Even if you listen only to Top-
40 hits, you won’t always be able to hear the
song you want when you want it. Buying
the record lets you hear it any time you
want, but that costs. Fair enough.

Cassette decks make it easy to tape music
off the air, but few people bother. Listening
to radio is less relaxing if you have to keep
constant track of when to turn the tape on
and off to catch the material you want. And
the resulting tapes don’t sound as good as
the radio station’s CDs did. People I know
who tape off the air tend to record only live
concerts (usually in their entirety) or rare
performances of long works they already
have by other artists. The exceptions are
mainly teenagers, who tape this week’s hot
hits and tape over them when those songs
fall from favor.

Digital transmission—by radio, satellite,
cable, or Internet—threatens to alter that. If
we can dial up music on demand, we can
also have our digital recorders waiting. And
if a digital broadcast stream carries titles
with the music, we could have recorders that
start themselves when they read the titles
we’ve preselected. This would probably have

a far greater impact on record sales than tap-
ing from FM (not to mention AM) ever did.
So how can record companies continue
to demonstrate their wares without giving
them away altogether? I've heard of a few
possibilities, all of which would require
changes in technology and, perhaps, law.

you an unlocking code that would let you
play an encrypted copy or make an unen-
crypted one.

The RIAA’s wish list for copyright-pro-
tection schemes includes a suggestion that
digital transmission systems and recorders
allow copyright owners to set playback lim-

One possible solution, now used by some

computer makers, is encryption. Every digi-
tally transmitted recording would contain a
copyright-protection code. Digital radios
would ignore it, but when home digital
recorders sensed the code, they’d make only
encrypted copies (or none at all). For a
small fee, the record company would sell

Picking ap a screaming baby doesn’t
always stop the screams immediately—
or at all. Cculd this pose a hazard to the
parent’s hearing?

PANGEROUS

BABES

Yes, say readers of New Scientist, a
British weekly. One Swedish reader re-
ported measuring a scream level of 96
dBA at his ear while carrying his month-
old daughter on his shoulder—consider-
ably louder than the 85 dBA that
Swedish law permits in the workplace.
Luckily, kids don’t scream all the time
and eventually outgrow screaming alto-
gether, so the chance of permanent hear-
ing damage seems to be slight. The
Swedish reader calculated that exposure
to 96 dBA would have to continue, eight
hours per day, for 30 years to give four
out of 10 listeners considerable hearing
impairment. A parent subjected to that
would have long since stopped caring
about deafness—or anything else. On
the other hand, wrote a reader from New
Zealand, parents can suffer a hearing loss
that sets in 10 years after babyhood,
making them deaf to their kids’ requests
for money.
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its. A subcode would limit the number of
times you could play a recorded download
or the time period over which you could
play it. If you still liked the piece after hear-
ing it, say, three times or after living with it
for a week, you’d either buy a commercial
copy (complete with liner notes and such)
or fork over for a code that would deacti-
vate these limitations.

This seems fair enough, if the codes are
restricted to digital downloads. You could
listen a few times for free, but you’d pay to
keep the recording, just as you do now.
What worries me is that the program
providers could go from sales to leasing:
You couldn’t keep a classic recording unless
you also kept up annual payments on it.
And movie studios that remake classic films
might insist recordings of the original films
erase themselves when the new version ar-
rives—even (or perhaps especially) if the
new version’s a pallid shadow of the old.

Incidentally, a new recording system
from Optex Communications, in Rockville,
Md., seems tailor-made for playback limits.
Recordings made with Optex’s electron-
trapping optical memory (ETOM) system
are, effectively, erased by their playback
process. That’s no big deal, because ETOM
players will have dual-laser systems that
rewrite the data as it’s played. But players
could be designed to refresh some data for
only a preset time or number of plays.
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KEN KESSLER

PLUGGING THE
CONNECTOR GAP

especially Windows 95,
has resulted in a long-

overdue move to the Mac.

And it wasn’t just the ut-

ter instability, the daily
crashes, the software bugs, the crudi-
ty, or even Bill Gates’s smugness that
drove me into the Apple orchard.
Quite simply, a lifetime of hi-fi’s sys-
tem compatibility spoiled me: I ex-
pect things to work. I grew up with
plug-and-play, long before Gates co-
opted the concept.

Wha-a-a? “Hi-fi’s system compat-
ibility?” What has Kessler been
snorting? Think about it: Apart from
the need to match the characteristics
of a phono preamp’s inputs (capaci-

y abiding hatred for PCs,

tance, resistance, etc.) to those of the
phono cartridge’s output, setting up
a hi-fi system has always been rela-
tively easy and

straightfor-
ward. Love ’em
or loathe ’em,
the RCA-type
phono plugs
and jacks are a
worldwide in-
dustry stand-
ard, so con-
necting any source to any preamp or
integrated amp has never been an is-
sue. True, there have been such aber-
rations as the ludicrous DIN plug
from Germany, often found on old
Quad, B & O, Tandberg, Philips, and
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WHY BAN
THE BANANA PLUG?
BECAUSE THE MANDARINS

IN BRUSSELS FEEL THAT
EUROPE IS AT RISK.

other Euro-centric hardware, but
DIN plugs never posed a serious
threat to the ubiquitous RCA phono
plug. For the most part, you can con-
nect any tuner, tape deck, CD player
(or D/A converter), phono stage
(with line-level output), DAT ma-
chine, DCC player, or VCR (audio
output, of course) to any line-level
input. And It Will Work.

How well it works is another mat-
ter. The bottom line, though, is that
any CD player, tuner, VCR, or tape
deck will detiver a signal to any am-
plifier that has a line-level input. Pre-
amp-to-power amp connections?
Again, the likelihood of electronic or
mechanical (as opposed to purely
sonic) mismatches is insignificant.
Only two types of connectors are
commonly used: RCAs and XLRs,
the latter for balanced operation. In-
deed, any manufacturer using a pro-
prietary or obscure plug/socket com-
bination should be shot—and
quickly, lest we end up like the com-
puter industry.

Even connections between CD
transports and D/A converters are
straightforward. True, four or five
types are in use, but I've yet to see a
transport or converter without, at
the very least, RCA phono jacks for
coaxial digital input and output con-
nection, while the Toslink is pretty
much the de facto standard for low-
end optical connections. Other op-
tions? Either ST optical or XLR.
Again, no problems, and all D/A
converters can read the digital
stream that
comes from a
CD transport.

Ever tried to
install a mo-
dem in a PC?
A printer from
a maker less
well known
than Hewlett-
Packard? How about a scanner? I rest
my case. But the Mac? I shoved in a
modem, never having set up a Mac
in my life, and was e-mailing within
five minutes. So while the computer
industry awaits the Universal Serial

Photos: Courtesy of the British Federation of Audio



Stereophile’s Guide to Home Theater reviewer
Robert Harley on the new Carver HIR-880 audio/
video receiver (excerpted from the Spring 1997 issue):

“The circuitry is more like you’d find on a high-
end product than an A/V receiver... lwastaken
aback by the Carver’s sound quality. The HTR-880’s
musical performance is beyond what I've heard from
A/V receiversand more in the realm of audiophile
separates.

“The HTR-880 excelled in many ways. First, the
overall tonal balance is smooth and unfatiguing...
it hasa much more natural treble rendering than
any other A/V receiver I've reviewed... the Carver’s
soundstaging was far beyond what I've heard from
other A/V receivers... ] also heard excellent detail
resolution through the Carver... the HTR-880 has
tremendous dynamic impact and punch... The
HTR-880 has a farmore refined and sophisticated
sound than [ expect from amid-priced A/V receiver.

P.O. Bex 1237, Lynnwood. WA 98046-1237
Phone {206) 775-1202  Fax (2006) 778-9433

For awchorized dealer locations. call 1-800-521 4333

CIRCLE NO. 6 ON READER SERVICE CARD

“The Carver HTR-880 is without question the
most musical A/V receiver Pve reviewed. Its
performance is more like that of audiophile separates
than a mid-priced home-theater receiver. Carver’s
Infinite Decorrelation feature improves the receiver’s
already good surround performance. I also think the
Power Steering technique is a real advance; I never felt
the need for more power in either themusic or home
theater systems.

“The HTR-880 is also the easiest-to-use home
theater receiver Pve laid hands on...if you canlive
with one VCR and a single A/V source, the HTR-
880’s outstanding sound quality, simple operation,
and bargain price make it the A/V receiver of choice
inacrowded field of lesser products.”

Thanks to Mr. Harley’s kind comments, just about
everyone islooking for the Carver HTR-880 receiver.
At $859 suggested retail, we believe it's closer to
audio/video perfection than anything else on the
market up to twiceits price. Best of all, your authorized
Carver dealermay still have an HTR-880 in stock.
Reserve yours now.

“..the AV

receiver of

choice in a

crowded field of

- lesser products”

-Robert Harley,

. Stereophile Guide

to Home Theater,
Spring 1997

“...a best buy

for home theater.”
Kevin Hunt, The
Hartford Courant,
November 1996



Bus and IEEE-1394 (or what Apple calls
“Firewire”), we can rest comfortably in the
ease of use that audio’s founding fathers
built into hi-fi components. (Then again,
there are noises that IEEE-1394 will be used
by the giant multinationals—especially
those with interests in computers, video,
and audio—to encourage greater inte-
gration between your PC and home en-
tertainment components. I can’t count
the hours, as the Italians say.)

But then we get to speaker terminals,
which are a lot messier because manu-
facturers can use spade connectors,
press-connectors that accept only pins
or bare wire, screw terminals, multiway
binding posts, banana jacks, XLRs, and
probably some others I've forgotten.
(The worst of all time? Those large
binding posts that the Japanese used for
years. They wouldn’t accept a 4-millimeter
banana plug through the top or any bare
wire thicker than a toothpick. And because
they had a raised collar, you couldn’t use
spade connectors.) As a rule, however, mul-
tiway binding posts seem to be the current
norm; you would need cables fitted with
some pretty strange plugs for them not to
work with, say, WBT’s big-mutha terminals
or the highly popular Monster Cable chassis
mounts.

Except for those who have complex,
hard-to-terminate cables (multistrand,
myriad cores, braided, what-have-you),
changing from bare wire to spade connec-
tors requires only a touch of solder or a
mere crimp. Besides, how often do you
change speakers or cables? And for chronic
tweakers and reviewers, there’s always a box
full of banana plugs that use set screws
rather than solder to make the connection
to the wire. But even that is about to
change.

Once again, it’s the Germans who are re-
sponsible. They should never be forgiven
for the DIN plug, which one designer told
me was their way of exacting revenge for
their defeat in World War II. Germany’s in-
terminable meddling (by virtue of its clout
in the European community), along with
that of its partner in crime, France, means
that the CE regulations continue to con-
fuse, confound, and cost everyone that
much more for paranoid, bureaucratic ex-
cess. (Typical bit of stupidity: Southeast
Asian lime leaves are now illegal through-

out Europe, even though Europe is hardly a
source of citrus fruit. 'm just glad [ don’t
own a Thai restaurant.) We are now sub-
jected to recent amendments to the Euro-
pean safety standard BS EN60065 (original-
ly set in 1994), an idiotic law relating to

consumer electronics that effectively bans

CHOC, NE PAS ENLEVER

THE BFA’S SOLUTION
IS TO USE A PLUG
LARGE ENOUGH TO

PREVENT ITS INSERTION
INTO AN AC SOCKET.

the use of 4-millimeter (banana) plugs for
loudspeaker connections to amplifiers.

Why ban the humble but useful banana
plug? The mandarins in Brussels feel that
the whole of Europe is at risk because a ca-
ble-mounted 4-millimeter (or smaller)
plug can be inserted into a European AC
power socket with possibly fatal conse-
quences. In other words, we can soon ex-
pect matches to be banned because we
might burn ourselves.

Enter the British Federation of Audio,
which is trying to stave off possible chaos
by promoting a brand-new loudspeaker
connector. The BFA’s membership repre-
sents more than three-quarters of the
British hi-fi loudspeaker industry, so any
companies on your side of the pond (small-
er than Bose, that is) can stop sniggering.
The combined sales of B&W, KEFE, Mission,
Wharfedale, Celestion, Spendor, Harbeth,
ATC, Monitor Audio, JPW, Epos, Tannoy,
Mordaunt-Short, Rogers, Heybrook, Castle,
Meridian, and a few dozen other British-
based companies give the group credibility
far greater than, say, that of the massed
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ranks of the German or French specialist
hi-fi manufacturers.

The BFA’s solution is to use a plug large
enough to prevent its insertion into an AC
socket. Unlike the United States, Great
Britain, and other countries that have
standardized the use of flat pins on AC
plugs, most European countries use
round pins. It’s conceivable, therefore,
that any round pin small enough to fit
into a hole in the wall can be deemed
dangerous. (So when are they going to
ban paper clips, knitting needles, and
nails?) The BFA connector (as good a
name as any and less of a mouthful
than IEEE-1394) uses an insulated, re-
cessed plug and an insulated, recessed
socket, designed to comply with both
European and North American safety
standards. It boasts an insulated plug
whose outer diameter of 6 millimeters is
greater than the 5.5-millimeter orifice of
the typical European AC socket. As a bonus,
the outer insulation prevents accidental
shorting of the amplifier outputs when
you’re installing a hi-fi system. A recent
missive from the BFA states, “Both the plug
and the socket are insulated to meet possi-
ble issues of ‘live terminal’ safety on loud-
speaker outlets up to and including ‘100V
line’ voltage used in sound distribution sys-
tems. The design also permits adaptation
for use with higher voltages.”

Although some of us might bemoan the
loss of the familiar banana plug, the BFA
connector is said to exceed it in “robust-
ness, versatility and performance.” On a
more subjective level, which the BFA recog-
nizes as “an important sales factor in sepa-
rates hi-fi marketing,” the new connector
“is substantial and heavy-duty, yet retains a
silky precision feel, giving a satisfying fit
when in place.” Additionally, this connector
can accommodate insulated 6-millimeter
spade terminals on its binding post, and the
plug can be adapted to accept both large-
and small-diameter loudspeaker cables
(terminated with a screw, crimping, or sol-
dering), as required or preferred by the
manufacturers who choose to employ it.
Which will probably be every sensible
brand in the U.K. and any others who wish
to sell product in Europe with minimal in-
terference from civil servants.

Credit for the initial work on the BFA
connector goes to the British electronics




firm Arcam. The connector has been re-
fined further through cross-industry col-
laboration in conjunction with European
safety authorities. But this is no exercise in
xenophobia, the emotion that motivated
the Germans to come up with these stupid
laws in the frst place. Rather, it’s a response
to xenophobia—cutting the industry’s po-
tential losses, so to speak. To encourage
worldwide acceptance of the connector, the
BFA is making full design details available
to equipment, component, cable, and con-
nector manufacturers on a license-free ba-
sis. (There’s a nominal charge of a piffling
£100, or $170, to cover costs.)

These guys aren’t kidding: The licensee
“pack” contains full technical drawings (in
dead-tree form and on a floppy disk in in-
dustry-standard CAD formats), color pho-
tographs, details about physical and electri-
cal compatibility and about compliance
with safety regulations, samples of both
plugs and sockets, and—naturally—copies
of the BFA logo. Hey, credit where it’s due,
okay?

As a writer who has had his fill of incom-
patible computer hardware, audio false
starts, and the industry’s failure to stand-
ardize new formats with any fluency (wit-
ness the DVD mess), I'd like every speaker,
amplifier, cable, and connector manufac-
turer in the world to stifle any not-invent-
ed-here tendencies, swallow its nationalistic
pride, and contact the British Federation of
Audio (Landseer House, 19 Charing Cross
Rd., London WC2H OES, England; phone,
01144 171 930 3206; fax, 01144 171 839
4613; http://www.british-audio.org.uk).

TO ENCOURAGE
THE CONNECTOR’S
WORLDWIDE ACCEPTANCE,

THE BFA HAS MADE
FULL SPECS AVAILABLE.

This organization has done the necessary
work; now the hi-fi industry just has to
agree to it. Do it now, and who knows?
Maybe we’l. hear an announcement at the
1998 Winter Consumer Electronics Show
that the American hi-fi industry has just
circumvented its exclusion from the Euro-
pean market. A
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by EDWARD J. FOSTER

ust over two years ago,
I saw my first digital
videodisc demonstra-
tions, the first con-
ducted by Sony and
Philips and the second
by Toshiba and Time
Warner. | was impressed with both. Despite
the similarities in the two systems—both
used MPEG-2 video compression and
promised discrete 5.1-channel digital
sound—it looked as if a format war might
break out between them. Eventually, the
two consortiums called a truce and settled
on a compromise (the “unified format”
disc). Thankfully, we will not have to en-
dure another Beta/VHS skirmish.
Sony/Philips called its original format
MMCD, which stood for MultiMedia CD
and, not too subtly, emphasized the con-
nection with the Compact Disc, for which
the two companies hold a large number of
patents. Toshiba/Time Warner, apparently
wishing to distance itself from the Sony/
Philips CD legacy, called its version SD,
which simply signified Super Density. The
compromise disc, DVD, stands for, well,
DVD. Some think it means Digital Video

Disc; others claim it stands for Digital Ver-
satile Disc. But I'm told that, in this mar-
velous world of unification, it means noth-
ing other than “DVD.” I guess that’s what
compromise is all about.

DVD can be looked at in two ways. As a
medium, it’s simply a way of storing vast
amounts of digital data on a 4%-inch opti-
cal disc. (Except for a somewhat golden
cast, a DVD looks very much like a conven-
tional CD, even though it can hold much
more data.) The other way of viewing it is
as a platform for carrying specific types of
data: video data in the case of DVD-Movie,
prerecorded computer data in the case of
DVD-ROM, and audio data for DVD-Au-
dio. Unlike the Compact Disc, which start-
ed life as an audio carrier and only after
some years had passed was born again in
the computer and video industries as CD-
ROM and Video CD, DVD will come out of
the video and ROM gates virtually at the
same time.

Interestingly, DVD-Audio is the strag-
gler. For the present, there’s disagreement
about sampling rates, word lengths, the
number of channels, and so on, which has
prevented a DVD-Audio standard from be-
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ing established. In fact, some participants
dispute the need for a dedicated DVD-Au-
dio disc because the DVD-Movie standard
permits a fairly broad spectrum of audio
formats.

Ultimately, there will likely be recordable
DVD, in both write-once and erasable for-
mats. Expect it to be launched by the com-
puter industry before audio/video compa-
nies introduce it. I expect recordable
DVD’s benefits, as a backup medium and
as a way of transporting vast amounts of
data between computers, to override the
concerns of video copyright owners.



(That’s a nice way of saying that paranoia is
more prevalent in Hollywood than in Sili-
con Valley.)

INCREASING
DISC CAPACITY

The key to cramming more data onto an
optical disc—in this case, enough to carry a
movie’s worth of high-quality digital audio
and videc—is to shorten the wavelength of
the scanning laser. This permits a tighter
track pitch on the disc (more tracks per ra-
dial inch) and closer spacing of the pits that
carry information (more bits per lineal

PHoToOGRAPH :

inch). Shortening the laser wavelength is

the optical equivalent of going from the 3-
mil stylus used for playing 78-rpm records
(anyone remember those?) to the 1-mil sty-
lus used for playing LPs. A smaller stylus
could trace tinier wiggles, which meant that
the grooves on an LP could be packed clos-
er together and the minimum wavelength
of the groove wiggles could be a lot shorter.
Consequently, L.Ps could carry a lot more
information (i.e., a wider bandwidth) than
78s. Although there aren’t any mechanical
grooves and wiggles on an optical disc, a
similar principle applies.

©19989 7.,

CDs are scanned by an infrared laser that
has a wavelength (analogous to stylus size)
of 780 nanometers. A nanometer is a bil-
lionth of a meter. Thus, 780 nanometers is
equivalent to 0.78 millionth of a meter (mi-
crometer, a.k.a. micron), or about 0.00003
inch. Pretty tiny. The CD track pitch is 1.6
microns, and the shortest pit/land size (dis-
tance along the track) is 0.834 micron.
Conventional CDs are 1.2 millimeters
thick, and the information layer is buried
deep within the plastic, up near the label.

To read the disc, a laser beam is focused
through the plastic and onto the informa-

JoHN WILKES
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Fig. 1 A—Toshiba’s proposed disc, which was adopted, consists of

two 0.6-millimeter discs bonded together. This produces a thinner substrate
and makes DVD more resistant to warping.

et L)L)

Beam Spot

-——
L

aser' Beam

THFER TV E)

Beam Spot

Fig. 1B—DVD’s thin plastic brings the data

layer closer to the laser, reducing problems

with disc tilt and enabling a smaller
beam spot and more tightly spaced pits.

tion layer. The beam reflects off the
layer, travels back through the plas-
tic, and then passes through some
optics to the pickup. (The depth of
the pit pattern is tailored to the laser
wavelength, improving the differ-
ence in output between pit and
land.) As the beam travels through
the plastic, it disperses, which makes
it less capable of distinguishing be-
tween tightly spaced pits. That’s
partially what constrains the pitch
and pit spacing. A CD can hold ap-
proximately 0.78 gigabyte (780
megabytes) of information.

To increase the storage capacity
of MMCD, the Sony/Philips system
called for the disc to be read by a
635-nanometer red laser. Track
pitch and minimum pit/land size
were approximately halved (to 0.84
and 0.45 micron, respectively), and
the program area was extended a
few millimeters closer to the disc’s
center hole. Changes also were
made to the error-correction and
modulation schemes to improve the
net packing density. The result was
an approximate quintupling of
storage capacity—from 0.78 giga-
byte on CD to 3.7 gigabytes on
MMCD.
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Sony and Philips suggested it would be
possible to double the storage capacity of
MMCD once more (to 7.4 gigabytes), by
using two information layers. (The tech-
nique was developed by 3M.) Either way,
MMCD was designed as a single-sided,
1.2-millimeter-thick disc—just like CD.
Because of the physical similarity to the
conventional CD, Sony claimed that an
MMCD could be produced easily, using
modified CD presses. And because the in-
formation layer was at the same depth as in
a CD, it would be relatively easy to develop
MMCD players that were backwards com-
patible with conventional CDs, a major is-
sue with the computer people.

The Toshiba/Time Warner proposal
called for a laminated disc made from two
0.6-millimeter discs bonded together (Fig.
1A). The overall thickness is the same as a
CD, but the information layer lies halfway
through the disc, 0.6 millimeter below the
surface. Because the laser beam travels
through half as much plastic on its way to
and from the information layer, there’s less
dispersion of the laser beam than with
MMCD. Thus, the data pattern can be read
with a longer-wavelength (read, less-expen-
sive) laser. Moreover, since the information
layer is closer to the surface of an SD disc,
disc tilt, or wobble (no disc is perfectly flat),
is less of a problem than with a disc whose
information layer is farther from the sur-
face (Fig. 1B). SD discs were designed to be
read with a 650-nanometer laser yet pro-
vide even greater data capacity than
MMCD, thanks to a tighter track pitch
(0.74 versus 0.84 micron) and smaller min-
imum pit/land size (0.40 versus 0.45 mi-
cron). This bumped the data capacity to 4.7
gigabytes per side, and because it’s a lami-
nated disc, it would be easy to double that
capacity by pressing both of the disc’s sides
with data—in other words, producing a
double-sided disc.

DOUBLING UP

The computer industry was not too eager
about adopting a double-sided disc, which
temporarily gave Sony/Philips’ two-layer
MMCD the edge in single-sided storage.
When Matsushita kicked in with a two-lay-
er version of SD, the pendulum swung the
other way, ultimately giving rise to the uni-
fied format we have today.



The unified DVD has a laminated struc-
ture (a la the Toshiba/Time Warner propos-
al), with a two-layer option (courtesy of
Matsushita) and a more robust modulation
scheme proposed by Sony. The disc can be
read with red lasers having either a 635- or
650-nanometer wavelength. Everybody gets
a piece of the action; everybody’s happy
with the unified format.

There are four possible combinations of
DVD (Fig. 2): single-sided/single-layer,
with a storage capacity of 4.7 gigabytes; sin-
gle-sided/double-layer (8.5 gigabytes); dou-
ble-sided/single-layer (9.4 gigabytes); and
double-sided/double-layer (17 gigabytes).
Double-lavered discs don’t have twice the
storage capacity of single-layered discs be-
cause there’s sufficient loss in reflectivity
going through the top layer to require a re-
duction in data density.

Whether double-sided discs will ever see
the light of day is questionable, but the pos-
sibility exists. (Editor’s Note: At the January
Consumer Electronics Show, Richard Mar-
quardt, vice president of the Warner Ad-
vanced Media Operations DVD replication
plant in Olyphant, Pa., cited Gone with the
Wind, which runs 220 minutes, as the sort
of movie likely to be produced and market-
ed as a double-sided disc.—A.L.) In any
event, even single-sided DVDs use a lami-
nated structure with the reverse side blank.
Toshiba says that in addition to increasing
the storage capacity beyond that of the
original Sony/Philips disc, the laminated
composition helps stabilize the disc and
prevent warping.

It’s helpful to distinguish between DVD,
the data-storage medium, and DVD, the
digital videodisc. DVD, the medium, has far
broader applications than audio/video stor-
age, but Audio readers are probably more
interested in how DVD will influence home
theater than in how it will affect computer
applications.

In the summer of 1994, an ad hoc com-
mittee—the Hollywood Digital Video Disc
Advisory Group—met “to encourage pub-
lic and industry discussion concerning the
development of the five-inch digital video
disc.” The group came up with a seven-item
wish list: “ability to accommodare a full-
length feature film, about 135 minutes, on a
single disc; picture quality ideally superior
to that of current high-end consumer video

playback systems such as laserdisc;
audio compatibility with matrixed
surround and other high-quality
presentation systems; ability to ac-
commodate three to five lan- |
guages on one disc; commitment
to an unspecified ‘copy-protection
system’; multiple aspect ratios, to
allow for future widescreen markets;
multiple versions of the same program
on one disc; and a parental lockout fea-
ture.”
The unified-format DVD has the poten-
tial to fill the bill; whether or not it realizes
this potential fully will depend more on
Hollywood than on the hardware producers.

VIDEO
COMPRESSION

The data rate of uncompressed studio-
quality digital video is prodigious. Depend-
ing on how you calculate it, the data rate for
professional studio video (CCIR-601, D-1)
can be as high as 270 megabits/second
(there are eight bits in a byte). Without data
compression, a 4.7-gigabyte disc would fill
up in a couple of minutes—if it could han-
dle such a high data rate, which it can’t. The
key to the digital videodisc’s remarkable ca-
pacity is MPEG-2 video compression.

MPEG stands for Motion Picture Experts
Group, a joint committee (JTC1/SC29/
WG11) of the International Standards Or-
ganization (ISO) and the International
Electrotechnical Commission (IEC). To
date, the group has produced two standards
for audio/video compression, MPEG-1 and
MPEG-2. MPEG-1 video compression
aimed to capture reasonably decent (so-
called “VHS-quality”) pictures and two-
channel sound, at a combined data rate of
approximately 1.4 megabits/second, essen-
tially the same as for music CDs. This is the
basis of the Video CD, which provides 72
minutes of picture and sound using the
conventional CD as a carrier. Although
Video CD never took off in the United
States, it’s been reported that 2 million
Video CD systems were sold in China last
year. (For an excellent explanation of
MPEG-1, see “Video CD: A Coding Chal-
lenge,” by Robert A. Finger, in the Decem-
ber 1994 issue of Audio.)

MPEG-2 video compression is optimized
for higher data rates, such as those used by
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DVD, DSS, and digital cable TV. Further-
more, MPEG-2 video data compression
works well with interlaced pictures (the

type employed in television broadcasting
to reduce flicker) as well as with progres-
sively scanned pictures (preferred by the
computer industry). MPEG-1 assumed
progressive scanning.



Both systems are based on similar princi-
ples: block-based transforms and motion
compensation to reduce the spatial and
temporal redundancy in the picture, non-
lincar quantization to exploit the acujty
limitations of human vision, and run-
tength and Huffman coding to further re-
duce data rate. Run-length and Huffman
coding are “lossless” compression tech-
niques, which means they can be undone
and the data retrieved perfectly. The first
two are “lossy” compression techniques
and cannot be undone perfectly; thus,
there’s a possibility that artifacts will appear
in the decoded picture. Whether you see
them depends on picture complexity and
how well the encoding and decoding are
performed.

Relatively static pictures that have few
sharp edges can be encoded at a low data
rate and yield excellent results. Pictures that
have lots of detail require a higher data rate
to prevent visible motion artifacts or pic-
ture softening. One of the key features of
MPEG-2 compression is an ability to en-
code at either fixed or variable rates. By ad-

(color) and luminance (gray-scale) infor-
mation is coded independently, which pre-
vents the anomalies associated with com-
posite video (dot crawl, cross-color
interference, and so forth). PAL-, SECAM-
or NTSC-composite video is generated in
the player, so, in theory, the same disc could
serve all markets.

As with MPEG-1, MPEG-2 video com-
pression distinguishes among “1” (in-
traframe), “P” (predicted), and “B” (bidi

«ln

rectional) pictures. An picture is fully
analyzed and encoded. “P” pictures are
based on an analysis of how picture mac-
roblocks have shifted from the previous “I”
picture (this generates motion vectors) and
on the difference between the current pic-
ture and the previous “I” pictures (i.e., en-
coding what video content is new or has
changed). “B” pictures are also predicted,
but in this case the prediction is in two di-
rections (forward and backward in time)
and uses the adjacent “I” and “P” pictures.

“I” pictures require the most data to en-
code, since each is fully analyzed and en-
coded independently of all other video

frames. On average, a “P” picture requires
8 I ]

only half as much data to encode as an “I,”

and a “B” picture needs only one-fifth as

«]'))

much as an Obviously, the fewer “I”
frames that need to be encoded, the lower
the data rate. However, you can’t push this
too far. “I” frames are the anchors for
MPEG-2 compression and the only way to
clear the palette, so to speak, for an entirely
new picture.

There is a normal MPEG-2 picture se-
quence, or GOP (group of pictures), which
governs the order in which “I,” “P” and “B”
frames appear as well as how often they ap-
pear. However, the picture sequence is not
cast in stone, and a good encoder can force
a new “I” frame to occur whenever war-
ranted by an abrupt shift in scene content.

This brings up an important point. The
MPEG-2 video standard (ISO/IEC 13818-
2) does not specify an encoding algorithm
but, rather, a syntax for conveying data so
that MPEG-2-compliant decoders can un.
derstand or decipher the bitstream and act
upon it. Not all of the encoding tools pro-
vided by MPEG-2 need be employed by an

justing the rate in accord-
ance with picture
complexity, an MPEG-2
encoder can optimize the

trade-off between data

SINGLE-SIDED, SINGLE-LAYER
(4.7 Gigabytes)

SINGLE-SIDED, DUAL-LAYER

(8.5 Gigabytes)

rate and picture quality.
For DVD, MPEG-2 video
encoders operate at out-

put data rates ranging
from | to 10 megabits/
second, with a nominal
average rate of 4.7 mega-

v pmm rem pe pen -
tad s tes Lld wed wad

Reads Second Layer

Reads First Layer

bits/second.

Data is arranged in
blocks, with a header that
tells the decoder how to
interpret the data and an
end-of-block symbol that
tells it the block is com-

DOUBLE-SIDED, SINGLE-LAYER
3.4 Gigabytes)

plete. A buffer in the
DVD player stores data

until it is decoded and

Reads First Layer

DOUBLE-SIDED, DUAL-LAYER

{17 Gigabytes)

Reads Second Layer

organized to produce
video at a standard field
rate. Other circuitry con-
trols data readout from

Reads First Layer Reads Second Layer

the disc in order to pre-

vent buffer overflow or
underflow. Chrominance

Fig. 2—DVD supports both single- and double-sided discs as well as single- and dual-layer discs.
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encoder, nor must a decoder respond to all
of them—as long as it’s not confused by the
data it receives. Therefore, the quality of an
MPEG-2 picture is not cut-and-dried. It de-
pends on the quality of the encoder (and
the skill of the person operating it) and on
the quality of the decoder. Encoding a
movie or program for DVD is as much an
art as cutting a record ever was.

I should also point out that MPEG-2
compression can’t take full credit for the
tremendous reduction in the data rate be-
tween CCIR-601 professional studio video
(as much as 270 megabits/second) and
DVD (which operates at a nominal average
data rate of 4.7 megabits/second). For
DVD, MPEG-2 uses 8- rather than 10-bit
word lengths (although higher precision in
the DC component of the block is provided
for); nor does DVD offer the same color de-
finition as CCIR-601 studio video. None-
theless, as a consumer video format it
promises to be far superior to anything we
have had tefore.

AUDIO
COMPRESSION

DVD is designed to support discrete 5.1-
channel digital surround sound. Although
the audio group within MPEG developed
an MPEG-2 audio standard (ISO/IEC
13818-3) for DVD, Dolby Digital Surround
(AC-3) will be used in the United States and
other NTSC-based countries. MPEG-2 au-
dio, which also provides discrete 5.1-chan-
nel digital surround sound, will likely be
used elsewhere.

Both Dolby Digital and MPEG-2 audio
use perceptual encoding to reduce the data
rate needed to carry five full-bandwidth au-
dio channels and a low-frequency effects
(LFE) channel (3 to 100 Hz). The specifics
of the two systems differ and are too com-
plex to cover in detail here. Suffice it to say
that the encoding systems are related in
concept to those used for DCC and Mini-
Disc but also exploit the interchannel re-
dundancies of theater sound. The Dolby
Digital system used in the United States
normally is operated at a 384-kilobit/sec-
ond data rate for each 5.1-channel sound-
track. Thus, it requires about 2.88 mega-
bytes of storage per minute of program, or
about 383 megabytes of storage for a 133-
minute movie.

WHAT DVD WILL

AND WON'T DO

Does DVD fulfill the Hollywood
Digital Video Disc Advisory %
Group’s wish list? Individual wish- |~
es, yes; collectively, maybe. Holly-
wood wanted a full-length feature | "
film with picture quality superior to
laserdisc, in multiple aspect ratios,
with multiple versions of the same pro-
gram on the same disc (with parental
lockout), with multichannel sound (multi-
plexed and discrete), in three to five lan-
guages, and with copy protection.

Let’s take the issue of picture quality. I
believe it is impossible to make a direct
comparison between analog and digital
video recording systems, especially when
digital compression is used on the latter.
The artifacts that each generates are too dif-
ferent. Audiophiles continue to argue
whether analog is better than digital or vice
versa; the same will probably apply to digi-
tal video.

Analog systems are affected by noise and
distortion (in the video world, distortion is
equivalent to color and luminance inaccu-
racies) and by limited bandwidth (video
resolution). In the analog world, these char-
acteristics are usually determined by the
medium: videotape or laserdisc. Digital
video quality also depends on bandwidth,
noise, and distortion, but in a different way.
In the absence of errors, digital perform-
ance is determined by the digital system it-
self, not by the medium. This means that a
digital video system can have performance
as good as you wish, provided it has a suffi-
ciently high bit rate.

Potential problems arise when digital
video is compressed. Compression systems,
such as MPEG-2, can introduce motion ar-
tifacts (blurring in fast-moving scenes),
blocking (portions of the picture appearing
like a checkerboard rather than with full
resolution), and other anomalies that have
no counterpart in the analog world.
Whether these are more or less objection-
able than the noise, distortion, and (usual-
ly) poorer resolution of analog video is a
matter of opinion. It may, to a considerable
extent, depend on how often these anom-
alies are evident. Personally, I'll take digital
video any day—provided the picture has
been well encoded.
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wavelength.

As an old mentor used to tell me, “There
ain’t nothing you can’t do with enough
power.” In this case, “power” means the
video bit rate used in encoding. And that’s
determined by a program’s length, the
disc’s storage capacity, and how many of
those wish-list elements are actually imple-
mented. Most of these factors compete for
storage space.



operating it,
and the guality

of the decoder.

AN MPEG-2
EXAMPLE

According to film industry statistics, 92%
of movies run for 133 minutes or less. Say
you want to record a 133-minute movie
with one Dolby Digital soundtrack on a
4.7-gigabyte, single-sided/single-layer disc
(the least costly to produce). In this case,

you can use an average video data rate of
4.32 megabits per second (4.71 mega-
bits/second minus 384 kilobits/second

/( for one soundtrack of Dolby Digital),

perhaps a little less to leave room for
subtitles. All in all, that’s not a bad bit
rate to work at. It should accommo-
date MPEG-2’s typical picture encod-
ing scheme with room to spare. Howev-
er, every Dolby Digital soundtrack you add
to the disc steals another 0.384 megabit/sec-
ond from the video encoding rate. With
three such soundtracks, you're down to an
average video rate of about 3.5 mega-
bits/second (slightly below the estimate
needed to handle the original MPEG-2 test
picture); with five soundtracks, you’re
down to less than 2.8 megabits/second.
Hmm! Do we really want to add all those
extra soundtracks?
Next problem. Say you want that nifty
multiple-camera-angle feature that’s been
ballyhooed or the “multiple versions of the
same program” that Hollywood requested.
While it’s true that MPEG-2 syntax permits
different video streams to be coordinated so
the viewer can switch from one to the other
manually or automatically (e.g., via
parental lockout of objectionable scenes),
each camera angle or version that’s tacked
on, as far as DVD is concerned, is a separate
video recording. These features look great
on paper, but if you want to implement
them, you need storage for each video data
stream. Methinks Hollywood will consider
carefully before using these features on very
long movies. The studios may suddenly dis-
cover they need more expensive multilayer
(if not multisided) discs to get good picture
quality, or they’ll decide to sacrifice quality
for features. On the other hand, not many
movies reach even 120 minutes, so in most
cases the studio will have more latitude
than in our worst-case scenario.
Two features sort of come free for the
asking, multiple aspect ratios and compati-
bility with matrix surround systems, but
neither may quite live up to expectations.
Matrixed surround (Dolby Pro Logic) com-
patibility is achieved by synthesizing left
and right channels (the basis of matrix sur-
round) from the discrete Dolby Digital
soundtracks. That’s not the same as creat-
ing a Pro Logic mix from scratch, when an
engineer actually listens to the decoded mix
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and decides how he should create the opti-
mum blend.

MPEG-2 also provides a way of inserting
pan-and-scan information into the data
stream so that a decoder knows what por-
tion of a 16:9 widescreen image to use for a
conventional TV’s 4:3 display. In the 16:9
mode, the DVD player simply ignores the
pan-and-scan data and produces a wide-
screen picture. But the system does not
know how to pan and scan by itself; some-
one must encode the MPEG-2 data with the
requisite information. If that information is
not present, a 16:9 image is letterboxed on a
4:3 screen with the usual black bars visible
at the top and bottom. Furthermore, there’s
no going the other way; 4:3 source images
fill a 4:3 screen but have black vertical bars
on either side of a 16:9 screen.

The final consideration, copy protection,
has proved the most difficult nut to crack
and was a major reason DVD’s launch was
delayed. An encryption scheme proposed
by Matsushita seemed to satisfy Hollywood
but not Silicon Valley’s PC contingent,
which found it required too much comput-
er power to decipher. A modification to the
system (proposed by IBM) seems to have
satisfied all parties, so we’re apparently off
to the races.

I believe that DVD will have a greater im-
pact on consumer electronics in general,
and on audio/video entertainment in par-
ticular, than anything since the Compact
Disc. Like CD, however, | expect it to take a
while to catch on. And, like CD, the key to
success lies in the quality and availability of
the software.

I hope I've made it clear that MPEG
video encoding is as much an art as a sci-
ence. It’s not simply a matter of loading a
source video, punching a button, and walk-
ing away, although it probably can be (and
perhaps sometimes will be) done that way.
Hardware and software are already available
that preview source material and create a
kind of electronic blueprint for scenes that
the MPEG-2 encoding program thinks re-
quire higher bit rates. But I expect that true
optimization will require human intelli-
gence, in the front office to determine
which of DVD’s myriad features should be
included on the disc and at the encoding
station to ensure that it’s done with
panache. A
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PANASONIC

DVD-

A300

DVD PLAYER

anasonic’s parent, Matsushita, con-
tributed significantly to the unified
DVD format. That being the case, no
one should be surprised Panasonic is
one of the first to launch DVD in the
United States. In fact, Panasonic is
releasing two DVD players simultaneously,
the Model DVD-A100 ($599.95) and the
more upscale Model DVD-A300 that I re-
viewed.

The two players have the same basic fea-
tures and functions, but the DVD-A300 has
a number of features its sibling lacks. The
most notable difference is probably the
DVD-A300’s provision of full 5.1-channel
Dolby Digital decoding and D/A conver-
sion. (Like most DVD players, the DVD-
A100 delivers only two-channel analog out-
put, relying on external processors for

5.1-channel decoding.) The A300 also has a
front-panel shuttle knob, whose functions
are duplicated by a mini-joystick on the
universal remote control (which is prepro-
grammed for TVs of many brands); a
karaoke sing-along feature, with micro-
phone input and digital echo; and a second
set of rear-panel audio/video outputs. In
addition, the A300’s fluorescent display
panel can be switched off.

Both decks play 5- and 3-inch DVDs
(MPEG-2 video with 5.1-channel sound),
Video CDs (MPEG-1 video with matrix
surround sound), and regular audio CDs.
The players sense the type of disc that’s
loaded (they all look pretty much the same)
and adapt automatically. As far as DVDs go,
the players can handle single- or double-
sided and single- or double-layer discs, pro-

AUDIO/APRIL 1997
38

vided they’re coded for North America.
(DVDs may carry codes that make them
playable only in specific countries.) For a
double-sided disc, you flip manually at the
end of the side. The Panasonic players will
not read CD-ROMs, CD-Vs, CD+Gs, CD-
Rs, Photo CDs, or PAL DVDs.

Discs load conventionally into a central
tray and are scanned by a red (655-
nanometer) laser through a dual-focus lens
that Matsushita developed. This so-called
“holographic” lens permits the laser to fo-
cus on the information layer of a DVD (ap-
proximately 0.6 millimeter beneath the sur-
face) or the information layer of a CD
(about 1.2 millimeters beneath the surface).

Transport controls are to the right of the
tray: an “Open/Close” bar and buttons for

PANASONIC’S DVD-A300
CAN DELIVER

EXTRAORDINARY
SOUND AND PICTURES.

“Stop,” “Still/Pause,” and “Play.” At the far
right is a shuttle “Search” knob flanked by a
pair of track/chapter “Skip” buttons. To the
left of the DVD-A300’s disc tray are con-
trols for headphone level and for the
karaoke microphone and echo levels. Gold-
plated headphone and microphone jacks
are directly below their respective controls.
The on/off switch is at the far left.

The “Digital Audio Out” Toslink optical
jack on the rear panel carries either a PCM
or an AC-3 bitstream, depending on the
disc being played. This lets you use an ex-
ternal Dolby Digital decoder or D/A con-
verter, if you wish. According to Panasonic,
the optical link can’t handle 96-kHz sam-
pled audio; if and when discs with that
sampling rate arrive, you’ll have to use the
A300’s internal converters.

Dimensions: 17 in. W x3% in. Hx 11%
in. D (43 ¢cm x 8.8 cm x 29.5 cm).

Weight: 7% Ibs. (3.5 kg).

Price: $749.95.

Company Address: One Panasonic Way,
Secaucus, N.J. 07094; 888/726-2383.

For literature, circle No. 90

Photos: Michael Groen



Next to the optical jack are six gold-plat-
ed RCA jacks for 5.1-channel audio. Of
these, the “Audio Out (Front)” pair carries
straight stereo when you’re playing a CD
and feeds the left and right front channels
from the Dolby Digital internal decoder
when you’re playing DVDs. Next to the
“Audio Cut (Front)” jacks are a pair
marked “Mixed Audio Out.” These carry an
analog Dolby Surround mix derived from
the internally decoded 5.1-channel sound
and are meant to feed a stereo television (or
an external Dolby Pro Logic decoder,
should you want to use Dolby Pro Logic
rather than Dolby Digital Surround).

Composite-video and S-video output
connectors come next; somewhat removed
from them are three jacks that mate with an
optional RF adaptor for use with TVs that
have no audio or video inputs. (“Broadcast-
ing” to your TV’s antenna terminals on
channel 3 ar 4, you’ll lose stereo and will be
relegated to inferior, broadcast-quality
video. But the RF adaptor could be useful if,
say, you take the DVI-A300 to a vacation
home that doesn’t have a real home theater.)
Near the RF adaptor jacks is a tiny “Attenu-
ator” switch, to be used in karaoke mode.

The manual and on-screen menus are
trilingual (English, French, and Spanish),
and, for the most part, you’ll use the menus
and remote control to operate the player.
The forward portion of the remote is domi-
nated by a joystick-like “Select” rod that’s

THE DVD-A300’S
CD PERFORMANCE,
A MORE REVEALING TEST

THAN YOU MIGHT THINK,
WAS OUTSTANDING.

surroundec by four large pads (“Title,”
“Menu,” and two track/chapter “Skip”
pads) and a small one (“Return”). Above
this ensemble are “Power” and “Open/
Close” bars, and below are “Stop” and
“Play” bars. Tilting the joystick forward ac-
tivates “Still/Pause”; tilting it to the right or
left during playback activates forward and
reverse search, which speeds up if you tilt
the joystick a second time. From pause
mode, the same actions elicit slow-motion
playback in either direction. The shuttle

dial on the DVD-A300’s front pan-
el essentially duplicates the joy-
stick’s search functions.

If you load a DVD that carries
multiple selections, a title menu

RELATIVE
LEVEL — dB

usually appears on your TV screen.
You select from that menu by us-
ing the remote’s numeric keypad
or tilting the “Select” joystick; you
then press “Select” on the remote
(or “Play” on the front panel). If
the disc has no title menu, play-
back commences from the begin-
ning, automatically. Pressing the
remote’s “Title” pad suspends
playback and brings back the

menu screen; the remote’s “Dis-

THD + N — dBFS

play” key superimposes the title
number, chapter number, and
elapsed time on the screen. Tilting
the joystick moves a cursor from
“Title” to “Chapter” on the on-
screen menu, after which you can
select a chapter in the same ways
you select a title. Via similar ac-
tions, you can skip to any desired

DEVIATION — dB

time on the disc.

Repeat-chapter, repeat-title, and
repeat-section are available via the
remote, and you can place up to
three markers to return to scenes
you want to view again. There are
restrictions, however: The repeat
and marker functions work only
with discs that carry an elapsed-
time code, and sections to be re-
peated cannot span chapters.

Three of the remote’s buttons
are for functions unique to DVD.

DEVIATION — dB

“Subtitle” lets you change the lan-
guage of subtitles, “Audio” lets you
change the language of the dialog,
and “Angle” lets you switch be-
tween tracks shot from different camera an-
gles. For each of these functions, you tilt the
joystick backward or forward to get what
you want. Not all discs will carry subtitles,
multiple languages, or multiple camera an-
gles, but those that do will have DVD
menus, elicited by pressing the remote’s
“Menu” key and operating the joystick to
get to the desired activity. “Return” backs
up through nested menus.

The remote’s “Setup” key leads to a
menu whose submenus let you set defaults
for a number of DVD functions. The most
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novel of these, “Rating,” lets you choose to
play all titles, forbid “Adult” titles, or show
only “Kids’” material; you can set a four-
digit password to lock in your selection.
From the “TV Screen” submenu, you can
choose how widescreen films and programs
will be shown on your TV. The “16:9” set-
ting is used for widescreen TVs; for those
with the conventional 4:3 aspect ratio, you
can opt to show widescreen material letter-
boxed (full-width, with black bands above
and below the picture) or in pan-and-scan
mode, with a portion of the picture en-
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Fig. 6—Noise spectra. player just as they do that of an au-

larged to fill the screen. Some DVDs will
carry instructions to tell the player what
part of the picture should be shown in pan-
and-scan mode; widescreen discs that
aren’t encoded with pan-and-scan instruc-
tions will be shown letterboxed.

Other “Setup” submenus let you set the
default languages for soundtracks, subtitles,
and menus. For soundtracks, you can
choose English, French, Spanish, “Original”
(the language the film was made in), or
“Other ****.” The asterisks indicate that
you should enter a four-digit code corre-
sponding to the desired language. For ex-
ample, if a disc’s soundtrack is in Urdu, just
punch up “8582” to hear it. (The manual
lists codes for 124 languages, from Afar to
Zulu.) Selecting a subtitle language is quite
similar, but here “Automatic” replaces
“Original.” “Automatic” selects the same
language you’ve chosen for listening and
displays the subtitles only if that language
isn’t on one of the disc’s soundtracks.

There remain two other “Setup” sub-
menus. One, “OSD Display,” turns the on-
screen display on or off. With the other,
“Surround Sound,” you tell the DVD-A300
whether or not center, surround, and sub-
woofer speakers are in your audio system.

Again, I should point out that some fea-
tures—parental lockout (the rating sys-
tem), multiple soundtracks, multiple subti-

dio-only CD player. Decoding a

Dolby Digital bitstream and recon-
stituting it to six PCM channels are strictly
matters of bit manipulation; decoding
should not differ among digital signal pro-
cessing circuits that perform according to
Dolby’s strictures.

When evaluated with the CBS CD-1 test
disc, the Panasonic DVD-A300 proved to
be an outstanding
performer. Frequency
response (Fig. 1) is so
flat and so smooth
that I greatly expand-
ed the vertical scale
of the graph, in or-
der to reveal the tiny

amount of ripple that
exists. The D/A con-
verter’s total harmon-
ic distortion plus
noise (THD + N) ver-
recorded level
(Fig. 2) also is fantas-
tically good, below
-90 dBFS on both
front channels across

sus

the entire test range.
Very unusual! Very
impressive!
Although [ didn’t expand the vertical
scale of Fig. 2 (I thought I’d give you some-
thing to compare directly with other, less
well-endowed players), I did expand the
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FEW CD PLAYERS
CAN CHALLENGE

THE DVD-A300’S
SUPERB SOUND QUALITY.

scale of Fig. 3, which shows converter lin-
earity error versus recorded level. With a
dithered recording, worst-case converter
nonlinearity is a remarkably small 0.25 dB
all the way down to ~100 dBFS. Again, im-
pressive, very impressive! Figure 4 shows
the fade-to-noise linearity error for the left
channel (the right was pretty much the
same). Admirable.

At maximum level (0 dBFS), THD + N
versus frequency is also excellent (Fig. 5). It
hits a minimum at 1 kHz (one reason the
curves of Fig. 2 look so good) but remains
at or below 0.008% from 20 Hz to 12.5 kHz.
Some intermodulation with the sampling
rate kicks THD + N up at 16 and 20 kHz,
but the contamination is never greater than
0.0182% of the fundamental.

In Fig. 6, third-octave spectrum analyses
of residual noise and of a 1-kHz signal at
—60 dBFS, there are virtually no signs of
power-line-related hum. (Oh, yeah, there is
a bitat 60 and 120 Hz, but when hum com-
ponents are 125 dB down, I consider them
zilch!) You’ll see small components at twice
and four-times the sampling rate, but
they’re negligible. Over just about the entire
audio band, the third-octave noise level ris-
es at 3 dB/octave, an indication that its
character is “white,” or random. The noise
power rises in the presence of the —60 dBES,
1-kHz signal, but it’s
still 100 dBFS or be-
low even at 20 kHz.
With like
these, it’s not surpris-

curves

ing that I got superb
figures for the Pana-
sonic’s A-weighted
S/N ratio and its
dynamic range (see
“Measured Data”).
Quantization noise

was impressive, too.

The weakest test
results (and they’re
really not that bad)
were for the DVD-
A300’s channel sepa-
ration. The worst
case was for crosstalk
from the left channel
to the right channel; right-to-left separa-
tion was about 15 dB better.

Output level and output impedance were
typical of today’s players, and channel bal-



ance was absolutely perfect. If you want to
listen through headphones, you’ll find
more than adequate drive for high- and
low-impedance ’phones. I don’t think
many people will use headphones with the
DVD-A300. but why knock a freebie?

For audio, this DVD player is technically
outstanding.

Use and Listening Tests

With only two sampler DVDs at my dis-
posal, it was difficult to give the DVD-A300
as thorough a workout as I would have
liked. Fortunately, I
had laserdisgs of sev-
eral of the flicks that
were excerpted on the
samplers— Twister
and Free Willy—so |
could make a reason-
ably direct compari-
son between the two
formats. I say rea-
sonably direct, be-
cause the laserdiscs
were widescreen and
the DVD samplers’
excerpts were full-
screen, 4:3 only.

That said, I'll still take the digital disc.
The Panasonic DVD-A300 produced pic-
tures that were at least as sharp as, and ar-
guably sharper than, the laserdisc player’s,
and the DVD pictures had purer colors
with notably less chroma noise. I was rarely
aware of motion artifacts (DVD’s potential
Achilles’ heell, at least not to the extent that
they were bothersome. The sound seemed
somewhat fuller and richer from the DVD-
A300, and the surround effects struck me as
being a bit more all-encompassing on the
DVD—even though the Twister laserdisc
also had an AC-3 track.

I found Panasonic’s remote reasonably
intuitive to use, but I couldn’t check out all
of the player’s features. Neither of the discs
had subtitles {so the subtitle function was
inoperative), only one of the discs had mul-
tiple languages (just a few one-line intro-
ductions of scenes that immediately revert-
ed to English), and only one disc had a
section to demonstrate multiple camera an-
gles. Unfortunately, the resolution and gen-
eral picture quality in this section were not
up to snuff, and I was unable to call up all
three of the angles that I thought were pro-

COLOR PURITY,
CHROMA NOISE,
AND SHARPNESS

EQUALED OR BETTERED
LASERDISC’S.

vided. (I really don’t think that third angle
was on the disc, so I'll not fault the player!)

Still-frame picture quality varied, proba-
bly because of the frames I happened to
stop on. The quality of some still frames
was excellent, others were blurred in areas
where the ongoing picture would have
showed motion, and occasional frames had
obvious pixelization in some areas. In some
scenes, still-framing was unstable and por-
tions of the picture flickered. The DVD-
A300’s slow motion is basically a series of
still frames strung together, so the same
comments apply—
although, on the
whole, the artifacts
were less noticeable
in slow motion than
in freeze-frame.

The search func-
tion was difficult to
use on DVDs and al-
most impossible on
audio CDs. The
search was really
“search,” not the ac-
celerated motion you
get from VCRs. Pic-
tures didn’t “tear” as
they do on a VCR, but they did snap from
scene to scene with no sense of continuity.
The advance was so rapid that it was easy to
fly past the point I wanted. The DVD chap-
ter-skip function didn’t work properly
(though the same buttons worked fine for
skipping tracks on audio CDs), and I could-
n’t set up markers for repeating scenes be-
cause neither DVD sampler carried a time
code. The samplers had no aspect-ratio in-
structions, either, so there was no difference
between the DVD-A300’s three “TV
Screen” settings. Finally, the player re-
sponded slowly to most commands; if this
was player- rather than disc-related, [ ex-
pect that shifting between alternate video
tracks won’t be seamless. This could be a
problem on discs that contain alternate
scenes to offer a choice of story “threads”
(or that include PG- and R-rated versions).
But again, neither sampler offered these
choices, so [ can’t be sure.

The sound quality of the Panasonic
DVD-A300’s internal Dolby Digital de-
coder and D/A converters was superb; few
CD players can challenge it. But you can’t
use the A300’s internal decoder unless the
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MEASURED DATA

Output Level: Line, 2.135 V at 0 dBFS;
headphone, 4.8 V, maximum.

Channel Balance: +0 dB.

Output Impedance: Line, 1,050 ohms;
headphone, 55 ohms.

Maximum Headphone Power: 600-
ohm loads, 32.2 mW; 50-ohm loads,
37.3 mW at 1% THD.

Frequency Response: 20 Hz to 20 kHz,
+0,-0.22 dB.

THD + N: At 0 dBFS, less than
0.0182%, 20 Hz to 20 kHz; at 1 kHz,
below —90.3 dBFS from 0 to —90 dBFS
and below -92.2 dBFS from -30 to
-90 dBFS.

Maximum Linearity Error: Undithered
recording, 0.83 dB from 0 to —90
dBFS; dithered recording, 0.25 dB
from 0 to —100 dBFS.

A-Weighted S/N: —106.3 dBFS for infin-
ity-zero recording.

Quantization Noise: —88.6 dB.

Dynamic Range: Unweighted, 99.1 dB;
A-weighted, 101.8 dB.

Channel Separation: Greater than 66.4
dB, 125 Hz to 16 kHz.

preamp/processor or receiver that follows
has a six-channel input as well as an analog
volume control for all six. (Not every 5.1-
channel preamp/processor or receiver does.)
If you therefore have to use the A300’s digi-
tal output and the processor or receiver’s
Dolby Digital decoder and DACs, you not
only forgo the A300’s superb analog quality,
but you may have difficulty keeping the de-
coder locked to the bitstream. With one of
the Dolby Digital decoders I tried, I heard a
click for every scene change and, occasion-
ally, for no apparent reason. I can’t be sure
whether that was entirely the DVD-A300’s
problem, but the same decoder worked fine
with other AC-3 bitstreams.

A totally new format like DVD can be ex-
pected to have a few glitches, especially on
early samples of first-generation products.
Considering the scope of the undertaking,
I’m surprised there weren’t more than |
found. But clearly, Panasonic’s DVD-A300
can deliver extraordinary sound and pic-
tures, given well-recorded discs and appro-
priate ancillary equipment.
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PIONEER ELITE
DVL.-90
DVD/LASERDISC PLAYER

edefinition time. Combi-player, old
definition: A device capable of re-
producing laserdiscs and audio
CDs. Combi-player, new definition:
A device capable of reproducing
laserdiscs, CDs, and DVDs—a.k.a,,
the Pioneer Elite DVL-90, which comes as
close to being a universal optical-disc player
as you’re likely to find.

True, The DVL-90 will play only those
DVDs that are coded for Region 1 (North
America), but this restriction applies to
every DVD player sold here—thanks to the
movie moguls who wanted a video carrier
that could be used anywhere in the world so
that they could restrict its use and thereby
defeat that capability. (So, what else is new
in Hollywood?) Nor will the DVL-90 han-
die Video CDs, standard-density discs en-

coded with MPEG-1 digital audio and
video. But those never really took off here,
so that omission will not affect many pur-
chasing decisions.

When playing a laserdisc or DVD, the
DVL-90 delivers both composite- and S-
video signals, with two output jacks for
each. Dolby Digital (AC-3) 5.1-channel
surround sound from DVD (and those
laserdiscs that carry it) isn’t decoded within
the DVL-90, which means you need a Do!-
by Digital Surround decoder (and an RF
demodulator for laserdisc AC-3) down-
stream in the system. This is the sensible
approach to digital surround; there’s no
point in paying for more than one AC-3 de-
coder and six-channel D/A conversion in a
system, since you can listen to only one
source at a time. The decoder logically be-
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tongs in the preamp, processor, or receiver,
where it can handle Dolby Digital bit
streams from all sources that carry them.
Pioneer provides multiple ways of con-
veying Dolby Digital signals from the DVL-
90 to an external decoder. For laserdiscs,
there’s an “AC-3 RF Out (LD)” RCA jack,
which, like all other pin jacks on the player,
is gold-plated. This output sends the raw
RF output from the laserdisc pickup to a
demodulator, which extracts the Dolby
Digital bitstream and hands it off to the
AC-3 decoder. (The demodulator is usually
in the same chassis as the decoder, though
some processors require an external de-
modulator that then feeds a standard digital
input.) For DVD AC-3, there’s a “Digital
Out #1” RCA jack (subtitled “PCM/AC-3
Digital”) and a Toslink optical connector
marked “PCM/AC-3 Digital (OPT.)” and
subtitled “Selectable to only PCM using

THE DVL-90 COMES AS
CLOSE TO BEING A
UNIVERSAL OPTICAL-DISC

PLAYER AS YOU'RE
LIKELY TO FIND.

GUL” There’s also a second coaxial (RCA-
jack) digital output, “Digital Out #2,” sub-
titled “PCM.”

The subtitles are significant. You don’t
want to send a Dolby Digital bitstream di-
rectly to a D/A converter or digital recorder,
as neither will understand the undecoded
signal. With Pioneer’s arrangement, you
can cable “Digital Out #1” to an AC-3 de-
coder (which normally will detect whether
the incoming signal is Dolby Digital or
PCM and respond appropriately) and
“Digital Out #2” (which confines itself to
PCM) to a regular stereo D/A converter or

Dimensions: 18% in. W x 538 in. Hj
18% in. D (45.9 cm x 14.3 cm x 46.3
cm).

Weight: 22.9 Ibs. (10.4 kg).

Price: $1,750.

Company Address: 2265 East 220th St.,
Long Beach, Cal. 90810; 800/746-
6337.

For literature, circle No. 91

Photos: Michael Groen



digital recorder. (When a DVD with a Dol-
by Digital soundtrack is played, “Digital
Out #2” carries a Dolby Surround stereo
PCM downmix of the Dolby Digital track.)
And you can use Pioneer’s graphical user
interface, or GUI, to substitute the Toslink
output for gither wired connection.

Accompanying the video and digital au-
dio outputs are two sets of “Audio Out”
RCA jacks. These convey ordinary analog
stereo when playing CDs and Dolby Sur-
round when playing videodiscs (unless the
soundtrack itself is straight stereo or
mono). The output level at these jacks is ad-
justable from the remote, so you must be
somewhat careful when using them to
record to a VCR. Completing the back pan-
el are miniature in and out jacks, for re-
mote-control interconnection with other
Pioneer equipment, and a removable, two-
prong IEC line cord.

Operation of the front-panel controls
should be self-evident to anyone familiar
with laserdisc players. There’s a “Power
Standby/On” button at the lower left; a
two-color LED indicates power status. At
the upper right are three buttons that open
and close the small (“DVD/CD”) and large
(“LD”) trays and stop the player. Below are
larger bars far play/pause and scan/skip for-
ward or backward. The disc-loading mech-
anism is directly above the display. The dis-
play’s illumination can be toggled with an
“FL Off” button.

On the remote, many of the infrequently
used controls are concealed behind a sliding

THE PLAYER
CAN REMEMBER
RESUME POINTS

FOR AS MANY AS FIVE
SUITABLY ENCODED DVDs.

door. These include “Disc Side” to switch
between playing sides of a laserdisc, still-
frame advance on laserdisc and DVD, and
still-frame backup (laserdisc only). A
“CHP/Time” button displays, on the first
press, the DVD or laserdisc chapter number
(track number on CDs) and, on the second
press, time, and enables you to search for a
different chapter or time using the numeric
keypad that’s also behind the door. DVD

chapter search is limited to chap-
ters within the same title, and
DVD time search requires that the
disc be encoded with time infor-
mation. Track/chapter repeat, title
repeat, repeat playback of both
sides of a laserdisc, and repeat

RELATIVE LEVEL — d8B

playback of (or return to) a speci-
fied location are possible by enter-
ing the proper sequence on the
“Repeat” and “A-B” keys. Because
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activated with “Enter” (one of the
L . frequency.
remote’s major controls), and dis-
continued by pressing “Stop” twice
(another of the remote’s always ac-
cessible controls).
. ] 4 —— LEFT “*
The remote operates the main I 7 —e RIGHT —|
transport controls via an elliptical, Z +2
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Enter” (play) key. The 3 o’clock g N7 0ITHERED T—
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and 9 o’clock keys activate “FWD -100 -80 -60 -40 -20 o)

and “REV,” respectively. Noon is
“Pause,” and 6 o’clock is “Stop.”
These buttons also serve to control
the cursor whenever on-screen
menus are used. An outer rectangular array
of pads provides the skip controls—“Next”
at 4 o’clock, “PREV” at 7 o’clock—and
three pads (“Title,” “Menu,” and “Return”)
that are used primarily (but not exclusively)
for DVD playback.

“Aspect,” “Subtitle,” “Angle,” and “Au-
dio” keys are on the remote’s main panel
and select those functions on DVDs that are
encoded with multiple aspect ratios, subti-
tles, viewing angles, or languages. Aspect
ratio is changed via an on-screen menu;
subtitles, viewing angles, and languages are
chosen in cyclic fashion by pressing the
same key multiple times. When you’re play-
ing laserdiscs, “Audio” cycles through six
presentations: analog stereo, left-channel
analog mono, right-channel analog mono,
left-channel digital mono, right-channel
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Fig.
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3—Linearity error.

digital mono, and digital stereo (the choice
you’d normally make). When you’re play-
ing CDs, “Audio” cycles through three
choices: left-channel mono, right-channel
mono, and digital stereo. Volume up and
down keys adjust the level at the two analog
audio outputs.

With the “Last Memo” key, you can mark
the point at which you wish to resume play-
back. The player can remember the resume
points for as many as five DVDs (provided
they’re suitably encoded), which can be re-
moved from the player and reinserted later.
The feature is a bit less versatile with
laserdisc than with DVD, because the LD
must remain in the player. “Last Memo”
stores the audio, display, and mode settings
(as well as the start point), so playback re-
sumes with the same settings used previ-
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Measurements

Lacking DVD test discs, 1 could-
n’t make technical measurements
of the DVL-90’s DVD video per-
formance. However, I could evalu-

-60

ate its laserdisc video performance
using the standard Pioneer test LD.
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Fig. 5—THD + N vs. level.

o than 6 dB at the highest frequency
on the disc (4.1 MHz); luminance
(brightness) level was spot on the
mark; and chroma level, although
low, was less so than typical. (Chro-
ma level relates to color saturation,
and video monitors automatically

adjust for differences in incoming

level provided it’s not too far off;
this one certainly is well within the

normal correction range.)

Chroma phase and differential
phase accuracy were as perfect as 1
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ously. The memory for a disc is automati-
cally erased when playback resumes.

The “Condition” key memorizes your fa-
vorite settings for as many as 30 DVDs, but
memory will be lost during a power outage.
“Mode” brings up four on-screen icons—

l » o« » o«
>

“Cinema Animation,”
and “Standard”—that enable certain dis-

play modifications when playing DVDs. For

Cinema 2,

example, “Cinema 1” changes the screen
background when the player is stopped,
“Cinema 2” sharpens picture contrast, and
“Animation” brightens colors.

The DVL-90 also offers variable digital
noise reduction (V-DNR) for the lumi-
nance and chrominance components of
laserdisc signals. V-DNR is controlled
through one of Pioneer’s many GUI on-
screen menus. With these menus, you can
change parental lockout level, activate a
screen saver, change the signal fed to the op-
tical digital interface, check program titles,

can measure, which means that the
various shades of color were accu-
rate and that hue didn’t vary with
scene brightness. The gray scale
was perfectly linear, too, which ver-
ifies that the player is capable of reproduc-
ing subtle brightness differences accurately.
I detected a small amount of chroma differ-
ential-gain error (shifts in color saturation
with changes in scene brightness), but the
figure cited in “Measured Data” is well
within normal bounds. Clearly, Pioneer has
not forgotten how to design a really first-
rate laserdisc player.

I measured the DVL-90’s audio perform-
ance by playing my usual test CD (the CBS
CD-1) and monitoring signals at the audio
output jacks with the volume control at
maximum. Qutput level and impedance
were typical, and channel balance was as
close to perfect as can be documented.
Channel separation was outstanding, but
most of the other audio data bears a word
of explanation.

For the past few years, Pioneer has been
enamored of its proprietary Legato Link
digital-to-analog converter, which it says re-
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creates musical overtones beyond the 20-
kHz limit that is imposed by 44.1-kHz sam-
pling, the rate used for Compact Discs. Pio-
neer has presented technical papers at

THE DVL-90’S RESULTS
FOR NOISE AND
DYNAMIC RANGE

ARE VERY IMPRESSIVE.

Audio Engineering Society conventions
suggesting that response beyond 20 kHz has
audible benefits, and the company has
strongly supported the use of 96-kHz sam-
pling for DVD audio. In all fairness, the jury
is out regarding whether such a high sam-
pling rate is needed.

For now, there’s Legato Link, but I con-
fess that I am not a fan of any of its incarna-
tions. I cannot fathom how a circuit can tell
which overtones are absent and re-create
them with any degree of fidelity. Nor have
my tests indicated that this is what actually
happens in a Legato Link converter. For ex-
ample, analysis of the DVL-90’s output
simply shows additional components that
represent intermodulation of the signal
with the 44.1-kHz sampling rate. These
components vary with signal level and fre-
quency, but not in any musically related
manner that I can see. In fact, these compo-
nents are precisely the type of crossproduct
that most designers go to considerable
lengths to avoid.

That said, there apparently are enough
people who have responded positively to
Legato Link for Pioneer to use this system
in its high-end Elite series. Since Legato
Link produces some rather strange test re-
sults, one can argue that the data should be
interpreted in light of Pioneer’s goals rather
than by absolute comparison with the per-
formance data for other products. For ex-
ample, frequency response taken at 0 dBFS
(Fig. 1) begins to roll off above 10 kHz or so



and is down almost 4 dB at 20 kHz. (Note
that I've used a vertical scale in Fig. 1 that
encompasses this unusually wide range.)
Perhaps the response rolls off to “make
room” for the spectral components that
Legato Link adds without changing the to-
tal level of high-frequency energy, but this
is not something that’s easily verified.
Figure 2 shows total harmonic distortion
plus noise (THD + N) versus frequency at 0
dBFS. The curve looks normal out to about
5 kHz but then rises sharply, reaching 0.1%
at 10 kHz and a whopping 8.12% at 18 kHz.
Obviously, these numbers are orders of
magnitude higher than we typically see
from a CD player, and spectral analysis re-
vealed that the “distortion” components
were the intermodulation crossproducts
mentioned above. Since the crossproducts

ANYONE ACCUSTOMED TO
VHS TAPE
WILL BE BLOWN AWAY
BY DVD PLAYBACK
ON THE DVL-90.

are purposely introduced, do they represent

«wr

“worse” or “better” performance? The an-
swer will depend very much on your opin-
ion of the concept underlying Legato Link.

The Legatc Link converters in the DVL-
90 are quite linear, as the plots of Fig. 3 (lin-
earity error versus level) and Fig. 4 (fade to
noise) indicate. Note that these plots are for
frequencies low enough that Legato Link
doesn’t affect the results. The THD + N ver-
sus level curve of Fig. 5 is first-rate, but,
once again, the data was taken at a relatively
low 1 kHz, where Legato Link presumably
is quiescent.

The DVL-90’s A-weighted noise on the
“digital-zero” track was an amazingly low
-126.2 dBFS. And, as the spectrum analysis
of Fig. 6 shows, power-line hum is absolute-
ly negligible, which testifies to good circuit
layout and an excellent power supply. There
are a few ultrasonic line components that
occur at unusual frequencies—approxi-
mately 28, 71, and 141 kHz. (When ultra-
sonic line components are present, they’re
usually related to the sampling rate.) These
are so small as to be inconsequential, how-
ever, and 1 presume that their unusual
placement is related to Legato Link.

The A-weighted noise figure given above
relates mainly to the performance of the
analog output electronics, which clearly are
of excellent design. The quantization noise
and dynamic range listed in “Measured
Data” include converter effects and there-
fore are more meaningful. This data, too, is
very impressive.

So, Legato Link aside, the DVL-90 has ex-
cellent D/A converters. The ultimate judg-
ment therefore boils down to what you
think of Legato Link.

Use and Listening Tests

Actually, except for recording or feeding
a second system, you probably won’t make
much use of the DVL-90’s own D/A con-
verters in a typical home theater. More like-
ly, audio will pass from the DVL-90 to the
preamp, processor, or receiver in digital
form for decoding and D/A conversion
there. That definitely is the most desirable
arrangement when playing DVDs or
laserdiscs with Dolby Digital soundtracks. I
did, however, connect the DVL-90’s analog
audio outputs to my preamp/processor and
listened to a few CDs via Legato Link. I
can’t say I've changed my mind; I still find
the Legato Link sound hard and unmusical.
To each his own.

For the most part, | used the DVL-90 as
you probably would. I fed laserdisc Dolby
Digital to my processor’s RF AC-3 input,
DVD Dolby Digital to my processor’s “bit-
stream” AC-3 input, and stereo or matrix
Dolby Surround—in digital form—to a
PCM digital input on my processor. All D/A
conversion, therefore, was performed in the
processor, not in the DVL-90. Thus, the
preamp/processor and subsequent equip-
ment were the determining factors in estab-
lishing sound quality, not the DVL-90. All
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D/A CONVERTER

Line Output Voltage for 0-dBFS Re-
corded Level: 2.15 V.

Channel Balance: +0.01 dB.

Line Output Impedance: 935 ohms.

Frequency Response: 20 Hz to 20 kHz,
+0,-3.81 dB.

THD + N at 0 dBFS: Less than 0.1%, 20
Hz to 10 kHz, and less than 8.12% to
20 kHz.

THD + N at 1 kHz: Below —-92.2 dBFS
from 0 to —90 dBFS and below —96.8
dBFS from -30 to —90 dBFS.

Maximum Linearity Error: To —-90
dBFS with undithered recording, 0.44
dB; to =100 dBFS with dithered
recording, 3.14 dB.

A-Weighted S/N for Infinity-Zero
Signal: 126.2 dB.

Quantization Noise: —96.4 dBFS.

Dynamic Range: Unweighted, 99.3 dB;
A-weighted, 101.4 dB.

Channel Separation: Greater than
111.3 dB, 125 Hz to 16 kHz.

LASERDISC VIDEO

Luminance Frequency Response: —0.6
dB at 500 kHz, —2.3 dB at 1.25 MHz,
-3.5 dB at 2 MHz, —4.1 dB at 3 MHz,
—4.3 dB at 3.58 MHz, and —6.1 dB at
4.1 MHz.

Luminance Level: +0.2 dB.

Chroma Level: -3.3 dB.

Gray-Scale Linearity: No measurable
error.

Chroma Phase Accuracy: Within 2°.

Chroma Differential Gain: =20%.

Chroma Differential Phase: +2°.

the DVL-90 need do is feed the processor a
solid RF carrier from laserdisc Dolby Digi-
tal and a strong bitstream from DVD Dolby
Digital so that the demodulator/decoders
can do their job without ticks, pops, or
other loss-of-sync artifacts. This it did
without a glitch, whether [ used the optical
or the coaxial connections.

I like Pioneer’s remote; | found its opera-
tion intuitive. You will need illumination to
see it in a darkened room, but that’s usually
the case. When I was playing a DVD, still-
frame quality depended on the frame I

Continued on page 56
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RT7 SPEAKER

AND PSW300
POWERED SUBWOOFER

olk Audio’s RT (Reference Theater)

speakers are designed to perform

well in both home theater and two-
channel stereo music systems. The
line consists of five floor-standing
speakers, three bookshelf models,
plus a speaker designed specifically for sur-
round-channel application. (All of the
floor-standing and bookshelf speakers are
magnetically shielded for placement near

TV screens.) The two-way RT7 is the largest
of the bookshelt models; it’s moderately
priced at just under $450 per pair.

The subwoofer | reviewed with the RT7s
is Polk’s PSW300, the most expensive of the
company’s three powered subwooters. The
combination of the RT7s and PSW300
yields a high-performance satellite/sub-
woofer system for stereo music; with the
addition of a center speaker and a pair of
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surround speakers, it would make a credible
home theater setup. (Polk suggests using its
best center-channel and surround speakers,
the CS350 and 1.St/x, both of which are tim-
bre-matched to the RT7.)

Polk Audio’s long-standing rescarch pro-
gram in loudspeaker design has yielded
more than 20 patents since the company’s
founding in 1972. The RT7 incorporates
two proprietary technologies, Dynamic
Balance and Acoustic Resonance Control
(ARC); the PSW300 uses two others, High
Velocity Compression Drive (HVCD) and
the Power Port.

Dynamic Balance refers to a combination
of materials, component geometry, and
construction techniques that Polk says re-
duces or eliminates driver resonances. [t
emerged from laser-interferometry research
on resonant behavior of vibrating surfaces,
done in conjunction with Johns Hopkins
University (the alma mater of Polk’s
founders).

Acoustic Resonance Control uses two
ports, of unequal length, to reduce frequen-

RT7 SPEAKER

Rated Frequency Response: 49 Hz to
25 kHz, +0,-3 dB.

Rated Sensitivity: 89.5 dB at 1 meter,
2.83 V rmis applied.

Rated Impedance: Compatible with 8-
ohm outputs.

Recommended Amplifier Power: 20 to
150 watts.

Dimensions: 19 in. H x 9% in. W x
11% in. D (48.3 cm x 24.1 cm x 29.2
cm).

Weight: 27 Ibs. (12.3 kg) each.

Price: $224.95 each.

PSW300 POWERED SUBWOOFER

Rated Frequency Response: 28 Hz to
125 kHz, +3 dB.

Rated Impedance: Speaker-level inputs,

|| 4.7 kilohms; line-level inputs, 22
kilohms.

Dimensions: 18 in. H x 12% in. W x 20
in. D (45.7 cm x 31.1 cm x 50.8 cm).

Weight: 49 Ibs. (22.3 kg) each.

Price: $799.95 each.

Company Address: 5601 Metro Dr.,
Baltimore, Md. 21215; 800/377-7655.
y For literature, circle No. 92

Photos: Michael Groen




cy response aberrations caused by front-to-
back standing waves in a speaker enclosure.
Polk says these resonances can give vocals
or other midrange sounds a “thick” or
“chesty” quality and induce “both frequen-
cy and time response errors which audibly
degrade the midrange clarity and imaging
performance of the speaker.” To reduce
such resonances, ARC uses destructive in-
terference from the output of an additional
port. The length of this second port’s duct
is adjusted so that its fundamental organ-
pipe resonance coincides with the reso-
nance produced by the cabinet’s internal
depth. The response peak caused by the in-
ternal frontito-back standing wave is can-
celed by the second port’s output, which
has opposite polarity. The second port also
helps tune the cabinet for proper low-fre-
quency operation.

The PSW300 subwoofer’s new technolo-
gies, High Velocity Compression Drive and
the Power Port, were described by Matthew
Polk in the Nay 1996 issue of Audio (“More
Bass in Less Space”). HVCD is a technique
for designing single-tuned bandpass vented
woofers whase acoustic output is high and
whose enclosure size is minimal; it requires
a driver with high moving mass and a very
large magnet structure. The Power Port is
intended to rpinimize wind noise and max-
imize bass output by improving a vented
enclosure’s acoustic coupling to the room.

The RT7’s long-throw, 8-inch woofer has
an injection-molded rubber surround and
a steel basket; it is magnetically shielded by
a second magnet and a steel cup. The sur-
round extends to the edge of the basket,
which Polk says damps basket ringing. The
speaker’s 1-inch dome tweeter combines
hard and soft materials, in what Polk calls a
Tri-Laminate structure; the dome is formed
by vapor-depositing a mixture of steel and
aluminum or a soft polymer base.

The RT7’s two flared ports, at the bottom
of the front panel, are each 1Y inches in di-
ameter but differ in length. The first port is
4Y; inches long; the ARC port, which ex-
tends to within 2 inches of the speaker’s
back panel, is 8 inches long.

You may wonder why the ARC port’s
length isn’t exactly equal to the cabinet’s
depth, which would seemingly make its
fundamental organ-pipe resonance equal to
that of the standing wave. The reason is that
the port’s effective acoustic length signifi-

cantly exceeds its actual length be-
cause of acoustical effects at both
its ends. And the reason two ports

are used instead of one is thatasin- 8

gle port of the correct length for a" 80!
the ARC correction would tune the 70

system lower than desired for

proper bass response. A second, 602'10

shorter, port must therefore be
added to tune the cabinet to a
higher frequency. This port’s own

GRILLE OFF

GRILLE ON \

100 1K 10k 20k

FREQUENCY - Hz

Fig. 1—One-meter, on-axis

' frequency response of RT7
organ-pipe resonance could theo- 4 1 i speaker.
retically interfere with the woofer’s
output. However, because it’s ~

shorter, its resonant frequency is
much higher and the Q of that res-
onance is significantly lower than
the ARC port’s; this makes its effect
on response much less significant.
The walls and rear panel of the
RT7’s cabinet are of %-inch medi-
um-density fiberboard, while the
front panel is of 1-inch medium-
density-fiberboard to decrease
panel vibration. No internal brac-
ing is used. Two-inch-thick Dacron
batting is used for internal damp-
ing. The detachable grille’s frame
is of %-inch medium-density-

80
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/
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Fig. 2—Frequency response
of PSW300 subwoofer for
three crossover settings.

fiberboard.

The RT7’s nominal
crossover frequency is
3.2 kHz. Polk points out
that this relatively high
frequency “places the
crossover out of the
critical midrange area

where the ear is most

Table |—PSW300 frequency range as a function of the crossover’s
low-pass control setting.

Low-Pass Setting
Counterclockwise (“50”)
Middle (“80”)

Clockwise (“1257)

Frequency Range
-3 dB PASSBAND -6 dB PASSBAND
34t057 Hz 29 to 69 Hz
35t063 Hz 30to 87 Hz
36to 87 Hz 31to 101 Hz

likely to hear the nonlinearities and

phase shift associated with cross- = «180
over networks.” The crossover con- &

sists of a 12-dB/octave high-pass ‘ué °
filter ahead of the tweeter and an u_i' -180|
even simpler, 6-dB/octave low-pass g

(a single laminated steel-core in- «Zﬁ -360|
ductor in series) feeding the & .|

woofer. This is accomplished with
just six components, including a
small bypass capacitor across a
larger capacitor in the tweeter cir-
cuit. All internal connections are
made with 18-gauge stranded wire,

[72]
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Fig. 3—RT7’s on-axis phase
response, group delay, and
waveform phase.

which is soldered to the crossover and input
terminals but connected to the drivers with
clips. Input connections are via a set of
large gold-plated binding posts on the rear,
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which are angled upward for easy access; bi-
wiring is not supported.

The PSW300 powered subwoofer is only
about 50% larger than an RT?7, yet it packs a
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Fig. 4—RT7’s horizontal
off-axis frequency
responses.
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Fig. 5—RT7’s vertical
off-axis frequency
responses.

100 —

side of the woofer and a vented box
on the other side; the sound output
is radiated by the port of the vent-
ed box. The PSW300’s port is

0 FRONT N
OFF Polk’s Power Port. In the PSW300,
7~ 90 SIDE AXIS- a
DEGREES the port faces downward into a

bottom panel, or plinth, which
forms the base of the cabinet. A
flared cone below the port directs
the sound radially, providing a
constantly expanding cross-sec-
tional area that smooths airflow.
The sound exits the port through a
2-inch gap around the bottom of
the woofer. Polk says that this vent-
ing method yields far less air tur-
bulence, noise, and energy loss

OFF than a standard vent radiating the
AXIS—~ J
DEGREES  same acoustic power. Polk also says

that radiating the sound around
the periphery of the enclosure at
floor level provides more efficient
toading, increasing bass output
and making it more consistent, so
that “the PSW300 suffers less from
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Fig. 6—RT7’s impedance
magnitude (A) and phase (B).

lot of low-frequency wallop. The very ro-
bust, 10-inch shielded woofer has a very
long excursion capability. Its extremely
rigid cone is made of an injection-molded
polymer/mineral composite, and the sur-
round is of butyl rubber.

The PSW300’s single-tuned bandpass
enclosure consists of a closed box on one

b S

4.2 OHMS

10k 20k

TEF

£ /
\ ‘l/
L

10k 20k

room placement problems than
competing, conventionally ported
subwoofers.”

The rear of the PSW300 houses
a 125-watt amplifier whose cooling
fins are exposed. The amplifier,
with all its controls and connec-

tions, forms a sealed, removable
subassembly. Like most powered
subwoofers, the PSW300 has con-
trols for level and crossover fre-

A

quency (adjustable from 50 to 125
4 Hz) and switches for polarity and
power (including an auto-on posi-
tion). Compressor circuitry pro-
tects both the subwoofer and its
amplifier against overloads. The
PSW300 has speaker- and line-lev-

el inputs and outputs.

B Measurements
The RT7’s on-axis frequency re-
sponse, measured in a large ane-
choic chamber, is shown in Fig. I; 1 made
these tests at the height recommended by
Polk Audio, with the measurement micro-
phone positioned halfway between the
woofer and tweeter. The curve made with-
out the speaker’s grille was smoothed with
a tenth-octave filter; the curve made with
the grille was not smoothed.
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With the grille removed, the RT7’s over-
all response fits a tight window of 5.5 dB
(#2.75 dB, referenced to 1 kHz) from 63 Hz
to 20 kHz. No sharp peaks or dips are evi-
dent in the unsmoothed curve. The grille
causes minimal change in response; the
main effect is a slight reduction in output
between 7 and 12 kHz. The RT7 should
sound equally good with or without its grille.

Averaged from 250 Hz to 4 kHz (giving
equal emphasis to each third-octave band),
the RT7’s sensitivity measured 88.2 dB SPL,
fairly close to Polk’s rating of 89.5 dB. Up to
12 kHz, the two RT7s matched closely,
within +£0.5 dB. At higher frequencies, one
speaker’s output dipped below its mate’s; at
14.5 kHz, the difference was about 3 dB.
The response of the RT7 that produced the
higher output is presented in Fig. I.

The PSW300 subwoofer’s anechoic fre-
quency response, measured 1 meter from
the front of the cabinet, is shown in Fig. 2.
(The subwoofer’s level control was at its
midposition, 12 o’clock, and a signal of 2.83
volts rms was applied to one speaker-level
input.) These response curves were made
with the Polk’s low-pass frequency control
set to its counterclockwise position (50 Hz),

THE PSW300
HAD IMPRESSIVELY HIGH,
CLEAN OUTPUT

AND A HEALTHY, 1-INCH
PEAK EXCURSION!

its midpoint (80 Hz), and its full clockwise
position (125 Hz). Table I lists the
PSW300’s -3 dB and -6 dB bandpass
ranges (referenced to the peak response,
which occurs at about 45 Hz) for each of
these low-pass settings.

Figure 3 shows the RT7’s phase and
group-delay responses, referenced to the
twecter’s arrival time, and its waveform
phase. The phase curve is well behaved and
decreases about 208° between | and 10 kHz,
about average for a two-way speaker of the
RT7’s size. When averaged between 1 and 4
kHz, the group-delay curve indicates that
the woofer lags the tweeter by a fairly short
0.18 millisecond. The waveform phase,
which directly indicates waveshape fidelity
in specific frequency ranges, shows that



The PSW300 subwoofer’s
Power Port.

waveshapes will not be preserved by the
RT7 over any significant frequency span.
However, this is normal for direct-radiator
speakers whose drivers are on a single baffle
plane. Interestingly, the waveform phase
undulates between 90° and 180° from 160
Hz to 4 kHz, indicating that waveshapes
will be more or less inverted in this range.

Figure 4 shows the RT7’s responses off
and on its horizontal axis; on-axis response
is the bold curve at the rear of the graph.
The curve-to-curve uniformity indicates
very wide and even horizontal coverage. In
the main horizontal listening window, +£15°
of the axis, the responses are very uniform,
matching each other within 2 dB all the way
to 20 kHz.

Figure 5 shows the RT7’s responses off
and on its vertical axis; the bold curve in the
middle is the response on the suggested lis-
tening axis, halfway between the woofer
and tweeter. The curves are quite uniform
except for a significant narrowing in the
lower treble. For listeners on the axis or
within 10° above it, response is fairly uni-
form and flat. But below the axis, a signifi-
cant depression develops between about 1.5
and 7 kHz. (This depression, which reaches
nearly —15 dB at 15° below axis, is not clear-
ly seen in Fig. 5. It occurs in the rear half of
the plot and is obscured by the on-axis
ridge.) The RT7’s polar pattern is skewed
slightly upwPrd through the crossover
range.

In the RT7’s impedance-magnitude
curve (Fig. 6A), the two peaks and a dip
that characterize vented enclosures are
clearly evident below 100 Hz; the dip at
about 42 Hz is the approximate frequency
of the vented-box tuning. The maximum
impedance, 16.6 ohms, is at 76 Hz, the vent-
ed system’s upper impedance peak. The
minimum impedance, 4.1 ochms, occurs at
175 Hz. The impedance falls to an almost

equally low 4.2 ohms at 5 kHz, a
little above crossover. A slight im-
pedance anomaly is evident at 186
Hz, just above the minimum im-
pedance. The RT7’s impedance
varies over a range of about 4 to 1;
to ensure that your cables cause no
response peaks or dips greater than
0.1 dB, you would need to limit the
series resistance to 0.063 ohm or
less. For a typical run of about 10
feet, this would require 12-gauge
(or heavier), low-inductance cable.

Figure 6B shows the RT7’s im-
pedance phase versus frequency.
The phase glitch at 186 Hz corre-
sponds to the slight anomaly in the
impedance magnitude at this fre-
quency. Because the RT7’s imped-
ance never goes below 4 ohms and
the variations in its impedance
magnitude and phase are moder-
ate, this speaker will be a fairly easy
load for most amplifiers. Two RT7s
should not be paralleled on a single
amplifier channel, however, unless
the amp is rated to drive 2-ohm
loads.

The RT7’s vented-box loading
worked very well, reducing cone
excursion at box resonance by a
significant 70%. As an experiment,
I covered each of the ports in turn
and checked the vented-box reso-
nance frequency. With both ports
open, the tuning was about 45 Hz.
(Resonance measurements can
vary by a few Hz, depending on the
test methods used.) Blocking the
longer port changed the tuning to
40 Hz; blocking the shorter one
dropped it to a low 33 Hz. The
RT7’s woofer had a fairly healthy
maximum excursion of 0.4 inch,
peak to peak, and it overloaded
quite gracefully. I noted some dy-
namic offset.

To investigate the effect of Polk’s
Acoustic Resonance Control, I took
several additional response curves
with the ARC port open and with it
blocked. When measured at ! or 2
meters, the response from 700 to
900 Hz was definitely smoother
with both ports open, but the ARC
port’s cancellation effect did seem
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Fig. 7—RT7's 3-meter
room response.
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Fig. 8—RT7’s harmonic
distortion for E, (41.2 Hz).
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Fig. 9—RT7’s IM distortion
vs. input power.
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Fig. 10—PSW300’s
harmonic distortion for E,
{41.2 Hz).
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Fig. 11—Maximum peak
input power of RT7 and
maximum peak sound
output of RT7 and
PSW300.

quite sensitive to the height of the test mi-
crophone. At points closer to the RT7 and
below its axis, response was often smoother
with the ARC port closed.

Figure 7 shows the 3-meter room curve
for the RT7, with raw and smoothed data.
The speaker was in the right-hand stereo
position and on a 22-inch-high stand; the
test microphone was at car height (36 inch-
es) at the main listening position on the
sofa. If you exclude the peak at 140 Hz and
the dip at 280 Hz, the smoothed curve fits a
fairly tight, 10-dB, window. It fits an even
tighter, 7-dB, window above 670 Hz and is
quite flat, smooth, and extended above 3
kHz. Overall, the smoothed curve fits a
loose, 16.5-dB, window.

Figure 8 shows the RT7’s E| (41.2-Hz)
harmonic distortion. The second harmonic
reaches a moderate 7.1% at 50 watts, and
the third a slightly lower 6.8%. Higher har-
monics were less than 1.5%. At | meter in
free space and with 50 watts of input, the
speaker generates a fairly usable 92 dBB SPL
at41.2 Hz.

The RT7’s only measurable A, (110-Hz)
harmonic distortion at 50 watts consisted
of a moderate 10% second harmonic and
3.2% third harmonic. The A, (440-Hz) dis-
tortion rose to a more significant 15% sec-
ond harmonic, but the third harmonic
reached only 2.3%, and higher harmonics
were less than 0.5%. In free space and with
50 watts of input, the RT7 generated fairly
healthy levels, in the range of 104 to 106 dB
SPL at 110 and 440 Hz when measured
from 1 meter away.

Figure 9 shows how the RT7’s intermod-
ulation distortion (IM) rises as power in-
creases from 0.1 to 50 watts, with a test sig-

PEAK POWER — WATTS

nal consisting of 440-Hz (A,) and
41.2-Hz (E)) tones of equtal power.
The IM rises smoothly and reaches
a moderate 10.8% at full power;
that’s a good result, considering
that both frequencies are repro-
duced by the same driver.

When [ swept the RT7 with
high-level sine waves, | noted one
significant box-wall resonance at
186 Hz, coinciding with the glitch-
es in the impedance curves. At this
frequency, the whole cabinet—
sides, top, front, and back

ap-
peared to take off. Both RT7s ex-
hibited this characteristic.

Like the RT7, the PSW300 subwootfer
had a significant (though lesser) box-wall
resonance. This resonance, at 130 Hz, in-
volved the sides, top, and rear of the box. At
40 Hz and above, the PSW300’s ability to
deliver clean output was quite impressive,
though there was much less clean output
below 40 Hz. Fortunately, the acoustic low-
pass action of the bandpass enclosure
filtered out most distortion. Wind noise

TOGETHER,
THE RT7s AND PSW300

GREATLY EXCEEDED
MY EXPECTATIONS.

from the Power Port was fairly low but still
evident on test tones. The 10-inch woofer
had a very healthy excursion of more than
1 inch, peak to peak!

The PSW300’s E, (41.2-Hz) harmonic
distortion is shown in Fig. 10 for an input
of 20 volts rms applied to one speaker-level
input. I set the subwoofer’s level control at
its middle position and turned up its low-
pass frequency control to 125 Hz. (In Fig.
10 the input level scale is in volts instead of
watts, because the PSW300 is powered by
its built-in, 125-watt amp. Its input imped-
ance is 4.7 kilohms, and thus it draws no
real power from the main amp in the user’s
system. In practice, the input voltage for the
distortion levels shown will vary with the
PSW300’s level-control setting.) The sec-
ond harmonic reaches a moderate 9%, the
third rises to 6%, and all higher harmonics
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are 0.7% or less. With 20 volts rms applied
to the speaker-level input, the PSW300 gen-
erates a robust 105 dB SPL at 41.2 Hg,
measured at 1 meter in free space.

The peak acoustic output of the PSW300
and RT7, and the RT7’s short-term peak
power input capabilities, are shown (with
room gain) in Fig. 11. (The PSW300’s con-
trols were set as before, with the signal ap-
plied to one speaker-level input.) The RT7’s
peak input power, calculated by assuming a
resistive 8-ohm input impedance, starts low
(7 watts at 20 Hz), rises quickly to a peak of
125 watts at 46 Hz (near box resonance),
falls 1o 75 watts at 80 Hz, and then rises to
about 500 watts between 150 and 400 Hz.
(At higher input power levels, the RT7’s
sound between 80 and 500 Hz became
harsh and significantly distorted; this may
have been caused by core saturation in the
crossover’s low-pass series inductor.) At
higher frequencies, the peak input power
rises soothly; it is about 3,200 watts above
2 kHz.

The maximum peak output of the RT7
starts at an unusably low 74 dB SPL at 20
Hz, rises very rapidly to a 117-dB peak at
126 Hz, and drops to 113.5 dB at 200 Hz. It
then rises smoothly, reaching about 123 to
127 dB SPL above | kHz.

The PSW300 subwoofer’s maximum
peak SPL starts at a quite usable 92 dB SPL
at 20 Hz, rises very rapidly to reach 112 to
115 dB between 42 and 95 1z, and drops
rapidly above 100 Hz. At 40 Hz and above,
the PSW300’s bass outlput was quite im-
pressive. In this test, the PSW300’s internal
compressor did not limit input level in the
20-, 25-, and 31.5 Hz-bands until after the
subwoofer overloaded and began to sound
very distorted. But at higher frequencies,
the compression ensured that the output
was always fairly clean, no matter how high
the input. When input level was above the
compressor’s limiting point, output did not
increase any further; the curve was taken
just below that point. For maximum out-
put, 90 to 100 Hz would be the logical point
to cross over between the RT7 and the
PSW300.

Use and Listening Tests

The RT7s I tested were covered on all six
sides in black wood-grain vinyl, the only
finish available. They were quite good-
looking, with or without their grilles. The



cabinet’s beveled front edges contributed
greatly to the speaker’s appearance. When
the RT7’s grille was off, my eye was drawn
to the gasketless woofer, whose surround
extends all the way to the edge of the frame;
to the two flared port tubes on the bottom
of the enclosure; and to the flush mounting
of the woofer and tweeter. There are no
sockets for attaching spikes.

The owrer’s manual for the RT7 covers
Polk’s complete line of RT loudspeakers
and is in four languages. Although the
manual covers stereo and home theater set-
ups, speaker placement, hookup, required
amplifier power, service, and specifications,
most topics are not covered in much depth.
The PSW300’s manual is significantly more
detailed.

I evaluated the Polk speakers as a pair of
satellites with a subwoofer, not as speakers
in a home theater setup. Auxiliary equip-
ment included a Krell KRC preamp, a
Crown Macro Reference power amplifier,
and Straight Wire Maestro cabling.

[ first listened to the RT7s alone, and |
was quite impressed with their overall
sound and bass extension. Although their
bass sounded a bit lightweight versus that
of the B&W 801 Matrix Series 3s | use for
comparisons, they nevertheless made a
good account of themselves on music
whose bass was mainly above 40 Hz, such as
most pop/rock and jazz. The RT7s’ tonal
balance was quite similar to the 801s’, but
the Polks were slightly brighter. Further lis-
tening revealed midrange differences be-
tween the speakers, with the B&Ws sound-
ing somewhat smoother. Classical music
sounded top-notch on the RT7s, with very
good imaging and soundstaging.

I then connected the PSW300 sub-
woofer’s input to the RT7’s speaker termi-
nals. This provided a proper stereo drive to
the PSW30D but did not provide any high-
pass filtering for the RT7s. | experimented
with different placements of the subwoofer
and settled on a centered location against
the rear whll, about 3% feet behind the
RT7s. With the PSW300’s low-pass fre-
quency set at 80 Hz and its level control at
the 11 o’clock position, the Polk setup’s
bass output was about equal to the B&Ws’.
The Polks sounded smoothest when 1 set
the subwoofer’s “Phase” switch for reversed
polarity. This improved bass sound signifi-
cantly but still left the RT7s straining on

material that had high levels of low bass,
because they were not high-passed.

1 then changed connections, driving the
PSW300’s line-level inputs from my pre-
amp and feeding the subwoofer’s high-
passed line-level outputs to the power am-
plifier that drove the RT7s. This provided
the cleanest sound and the lowest inter-
modulation distortion on music having
high levels of low bass. Connected this way,
the sound of the three-piece Polk system
changed from merely good to excellent. On
most recordings, the Polk setup’s bass re-
sponse equaled or exceeded that of the
B&Ws; only on music having high levels of
very low bass, below 30 Hz, were the B&Ws
superior.

Rear of PSW300 subwoofer.

The RT7s had significantly greater sensi-
tivity than the 801s, requiring some 4 to 5
dB of line-level attenuation to match the
B&Ws’ sensitivity on wide-band program
material. In other words, the RT7s required
about 2% to three times less power than the
801s, enabling them to play as loud with a
50-watt amplifier as the B&Ws could with
an amp of 125 to 150 watts!

When 1 played pink noise through the
RT7s, 1 heard moderate tonal changes
through the upper midrange when I stood
up. On third-octave band-limited pink
noise, the RT7s (without subwoofer) gener-
ated no usable bass output, just distortion,
in the 20- and 25-Hz bands. Qutput be-
came barely usable at 32 Hz, was fairly good
at 40 Hz, and was good at all higher bands.
But from 63 Hz on down, the RT7s were no
competition for the B&Ws. Connecting the
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PSW300 subwoofer essentially leveled the
playing field. When I used its line-level in-
put, the sub had quite clean bass down to 32
Hz and usable output at 25 Hz. Although it
produced no usable output in the lowest
(20-Hz) band, the PSW300 kept distortion
and extraneous noises to a minimum when
it was driven hard. Between 40 and 100 Hz,
the PSW300’s output was quite powerful
and clean, and it could play somewhat
louder than a single B&W 801.

On “Misty,” a track on the The Wonderful
Sound of Three Blind Mice (Golden String
GSCDO004, a jazz sampler I recommend
highly), the RT7s and PSW300 were a true
knockout. Piano, bass, and drums had a
you-are-there presence that was quite strik-
ing. Every note of the piano was very dis-
tinct, and the sound of the acoustic bass
was smooth and extended. The intimate
quality of the jazz combo was well pre-
served. On “Wild One,” a country hit from
Faith Hill (Take Me As I Am, Warner Bros.
9 45389), the Polks rendered Hill’s guitar
and voice in a forceful and lifelike manner
and preserved the vocal and instrumental
dynamics of her performance.

The RT7s’ high sensitivity and the
PSW300’s high output capability served
loud rock very well. (It’s interesting how a
good subwoofer can turn a pair of laid-back
bookshelf speakers into a rock 'n’ roll pow-
erhouse!) Yet the Polks performed equally
well together on full orchestral music. On
one of my favorite symphonies, Schubert’s
Fifth (Bruno Weil conducting the Classical
Band, Sony Vivarte SK 46697), the sound
was highly detailed and well focused. There
was a good sense of hall reverberance and
excellent placement of the instruments.

The Polk RT7s, in partnership with the
PSW300 subwoofer, provided a level of per-
formance that greatly exceeded my expecta-
tions, given their price. They competed well
with my B&W speakers, thanks to their
smooth and extended response coupled
with powerful and smooth bass reproduc-
tion, the latter trait one that 1 would nor-
mally associate with much larger systems.
Used alone, the RT7s, at less than $500 per
pair, would be excellent budget or auxiliary
speakers. And the PSW300 should be con-
sidered by anyone interested in a reasonably
priced (and reasonably sized), high-per-
formance subwoofer for use in a music or
home theater system. A
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ANTHEM PRE-1
PREAMPLIFIER

nthem is a new series of tube com-
ponents built by Sonic Frontiers,
priced more affordably than the
company’s flagship line. Besides the

Pre-1 preamplifier, the Anthem line
includes an integrated amplifier, a
power amplifier, and
a CD player with
HDCD decoding.
Like preamps of
yore, the Pre-1 has a
phono stage; it also
has three high-level
inputs, a loop for a
tape recorder or ex-
ternal processor, and ¥ .
two sets of main outputs (useful for bi-
wiring or to feed active subwoofers). All in-
puts and outputs are unbalanced and use

TOGETHER,
ANTHEM’S AMP AND PREAMP
PRODUCED HIGH-END
SOUND AT A RELATIVELY
AFFORDABLE PRICE.

high-quality phono connectors. Also on the
rear panel are a ground terminal (mainly for
use with the phono input) and a multipin
connector for the external power supply.
The Anthem Pre-1’s front panel has
three knobs, one each for input selection,
) balance, and volume
plus pushbuttons for
switching to and
from the tape/proces-
. sor loop, muting, and
switching between
standby and full op-
. eration. The Pre-1’s
. tube heaters are al-
o ways on; pushing the
power switch to “On” just turns on the
high-voltage rectifier tube’s heater and ini-
tiates a turn-on delay. During this delay,
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the preamp’s outputs remain muted until
the rectifier tube warms up enough for
the high voltage to stabilize. A green pilot
LED on the front panel dims during
standby, glows during normal operation,
and flashes as a reminder when muting is
turned on.

The Pre-1’s power supply is housed sepa-
rately, to allow plenty of space for the pre-
amplifier circuitry and to eliminate the pos-
sibility of induced hum from the power
transformer. The power supply’s captive
output cable plugs into the preamp chassis;
the AC line cord plugs into an IEC socket
on the power supply. A power-on LED ison
the front of the supply.

The Pre-1 is an attractive piece of gear, its
construction very neat and workmanlike.
This applies not only to the outside but to
the interior, which is nearly filled by the
main circuit board. This thick, double-
sided board is populated with many high-
quality components, including capacitors
by MIT, Solen, and Wima. A small p.c.
board, attached to the rear panel, carries
and connects the input/output jacks and
the selector switch (operated by a long shaft
from the front-panel selector knob). An-
other small board, attached to the bottom
of the balance and volume controls, holds
the gain switches for each channel’s line-
amplifier stage.

Measurements

IHF sensitivity measurements for the
Anthem Pre-1’s two gain settings are given
in Table I. Frequency response varies some-
what with gain mode and volume setting,
but mostly above 20 kHz (Fig. 1). When
volume is up full (the “0 dB” curves), the
rolloff above the audio band is more pro-
nounced in the low-gain mode; with the

Dimensions: Preamp, 19 in. W x 5% in.
- Hx11in.D (48 cmx l3.4cmx28cm);'
power supply, 7¥8 in. W x 5%8 in. H x
9in. D (18.4 cm x 13.4 cm x 22.9 cm).

Weight: Preamp, 17' lbs. (7.9 kg);
power supply, 10 Ibs. (4.5 kg).

Price: $1,495.

Company Address: Sonic Frontiers,
2790 Brighton Rd., Oakville, Ont.
L6H 5T4, Canada; phone, 905/829-
3838,; fax, 905/829-3033.

For literature, circle No. 93

Photos: Michael Groen



volume set at —15 dB or lower, the high-fre-
quency responses are about the same in
both modes. However, if you use the low-
gain mode with low-output sources, you’ll
need higher volume settings and therefore
get more rclloff above 20 kHz.

Loading also affects the Pre-1s frequency
response. With an IHF load, there’s some
noticeable rolloff at cach end of the spec-
trum (Fig. 2, measured in high-gain mode
with the vcwlume control turned fully up).
The low end rolls off because a high-pass
filter is formed by the Pre-1’s output cou-
pling capacitor and the 10-kilohm resis-
tance of the IHF load. The high end rolls off
because of a low-pass filter formed by the
Pre-1’s output impedance and the IHF
load’s 1,000-picofarad capacitance. Still,

this preamp does well
with the IHF load and
will therefore drive a
reasonably long cable to
your power amplifier
and will drive most sol-
id-state power ampli-
fiers without a problem.

Rise and fall times Power supply, inside and out.

varied. At worst, they

were 5 to 6 microsec-
onds (in low-gain mode
with the volume fully
up); they were only
about 1 to 2 microsec-
onds in either mode
with the volume con-
trol down in the —20 dB

Low-Pass Setting

Line Input to Main Out
Line Input to Tape Out
Phono Input to Main Out
Phono Input to Tape Out

Table |—Input sensitivity at maximum and minimum gain.

Sensitivity
LOW GAIN HIGH GAIN
3247 mV 19.45 mV
555.9 mV 555.9 mV
1.19 mV 730 pv
2.15mV 2.17 mV

CIRCUIT HIGHLIGHTS

A relatively new circuit topology, a
“mu follower,” forms the basis for most
of the Pre-I’s signal circuitry. This is
similar to a cascode connection, where
the first of two devices drives the second
device through the latter’s emitter,
source, or cathode. In the mu follower,
the first tube’s plate drives the second
tube’s grid via a coupling capacitor. Two
resistors are in series between the second
tube’s cathode and the first tube’s plate;
one resistor acts as a self-biasing cathode
resistor for the second tube, and the oth-
er acts as ¢ plate load for the first tube. A
third resistor connects the midpoint of
these two resistors to the second tube’s
grid, serving as its grid leak resistor. The
output of the circuit is taken from the
second tube’s cathode. This topology has
two benefits. The second tube acts as a
cathode follower and muttiplies the ef-
fective value of the plate-load resistor.
And the first tube’s gain, unrestricted by
output loading, approaches its nominal
amplification factor, or “mu”—hence
the name, mu follower.

The phceno preamp circuit’s first stage
is a cascodz-connected triode. (The tube
used, a 6922, can yield quite low noise
and, in the cascode connection, is very
linear.) The plate output of this tube is
capacitor-coupled to the second stage (a
12AT7 triode connected as a mu follow-

er) through an interstage RC equalizer

network that performs part of the RIAA
equalization. The rest of the equalization
is performed by an RC feedback network
trom the output of the 12AT7 back to its
input and by the resulting interaction
with the interstage RC network.

Signals coming into the Anthem Pre-1
pass through the selector switch to the
switch for its tape monitor loop (or ex-
ternal processor loop), via a 1-kilohm re-
sistor at the input to the monitor switch
and another such resistor at the tape
outputs. The wiper (output) of the mon-
itor switch then passes to the balance
control, which is connected as a variable
resistor in series with the volume con-
trol. Switching the Anthem Pre-1 to low-
gain mode inserts an additional resistor
between the balance and volume con-
trols. Switching in this resistor curtails
the balance control’s adjustment range.
It also reduces the circuit’s high-fre-
quency response and increases noise, be-
cause it raises the impedance seen by the
grid of the first stage.

Following the wiper of the volume
control is the output amplifier, which,
not surprisingly, is a single mu-follower
stage. This stage inverts signal polarity
(it’s to Sonic Frontiers’ credit that this is
mentioned in the Anthem’s specs), so
the Pre-1 inverts overall polarity from
any input to the main output but not to
the tape output.

Power-supply circuitry is quite exten-
sive in this design. In the high-voltage
supply, the tube rectifier is followed by a
three- stage RC filter that feeds the main
high-voltage regulator. In this circuit,
which I call a zener follower, a constant-
current source feeds a shunt regulator
formed from a string of zener diodes.
The output of the shunt regulator then
feeds the gate of a MOS-FET series pass
transistor whose source terminal is the
circuit’s final regulated output of 245
volts.

Following the main high-voltage reg-
ulator are six additional high-voltage
regulators, three per channel. A 24-volt
zener diode and a resistor are connected
in series between each regulator’s high-
voltage input and ground; the voltage
drop through this zener goes through a
resistive divider to supply +12 and -12
volts for the regulator’s error-amplifier
op-amp. The op-amp’s output drives the
gate of a MOS-FET series pass transistor,
whose source terminal feeds about 233
volts to the preamp circuitry; the source
terminal’s output is also applied to the
negative input of the error op-amp. In
each channel, separate regulators feed
the phono section’s first stage, its second
stage, and the line output section. Each
channel also has separately regulated
tube-heater supplies for the phono sec-
tion and the line output amp. B.HK.
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Fig. 1—Frequency response
at various level settings.
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Fig. 2—Effect of loading on
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Fig. 3—THD + N vs. output B
level for instrument load {A)
and IHF load (B).

range and reached a low of 0.6 mi-
crosecond (in the high-gain mode
with volume fully up and with in-
strument loading). Volume-con-
trol tracking between channels was
within 0.5 dB down to —70 dB,
which is very good.

The Anthem Pre-1’s total har-
monic distortion plus noise (THD
+ N) is plotted as a function of
output voltage for the right chan-
nel with instrument loading (Fig.
3A) and with IHF loading (Fig.
3B). Note the prodigious output
voltage this preamplifier can deliv-
er with low distortion. With the in-
strument load, the distortion is ad-
mirably uniform with frequency;
the 1,000-picofarad capacitance of
the IHF load does cause somewhat
more distortion at 20 kHz than
the instrument load does, but
that’s to be expected.

Crosstalk generally increased
with frequency, at about 6 dB per
octave over the audio frequency
range, and varied with direction
and gain mode. The worst case was
from the left to the right channel in
low-gain mode, where it was —115
dB at 20 Hz, -85 dB at 1 kHz, and
-60 dB at 20 kHz. Switching to
high-gain mode or measuring from
the right to the left channel im-
proved these figures by about 10 dB.

Output impedance did not vary
with the gain setting, measuring
385 ohms at 1 kHz for the left
channel and 411 ohms for the
right. Input impedance, however,
varied quite a bit with gain. In the
high-gain mode, impedance with
the volume control at maximum
was just about 24.5 kilohms in ei-
ther channel; with the volume low-
ered 20 dB, it rose to 48.3 kilohms.
In the low-gain mode, the imped-
ance was too high to reliably meas-
ure with my standard technique,
but from the schematic, [ estimat-
ed it as about 417 kilohms. In ei-
ther gain mode, each channel’s in-
put impedance increased by as
much as 100 kilohms when the
balance control was set to increase
the output of the other channel.
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THE ANTHEM PRE-1
CAN DELIVER
PRODIGIOUS

OUTPUT VOLTAGES

WITH LOW DISTORTION.

The Pre-1’s IHF signal-to-noise ratio in
the high-gain mode was 86.1 dB for the left
channel and 86.5 dB for the right. In the
low-gain mode, the Pre-1 was noisier, with
an [HF S/N ratio of 79.6 dB in either chan-
nel; this increase was caused by a series re-
sistor used in that mode (see “Circuit High-
lights”). In high-gain mode, A-weighted
output noise was 43.6 microvolts, worst
case. [t dropped to 24.1 microvolts with the
volume control at maximum and to 17.1
microvolts at the minimum volume setting.
In low-gain mode, worst-case noise (63 mi-
crovolts) occurred at the maximum volume
setting; the noise fell to 16.8 microvolts at
minimum volume. The channels matched
quite closely, and neither was consistently
the noisier.

The phono preamp section’s RIAA
equalization accuracy is presented in Fig. 4
for the left channel; right-channel response
was almost identical. The admirably flat
curve made with instrument loading is es-
sentially what you’d get from the Pre-1’s
main outputs if there were no loads on its
tape outputs. With IHF loading, the RIAA
response rolls off by about 1 dB at either
end. You’re likely to get some of that rolloff
with a tape deck or external processor con-
nected to the Pre-1 but not as much as can
be seen here. This is because the combined
capacitance of the deck’s or processor’s in-
put and the cables feeding it will probably
be lower than the IHF load’s 1,000 pico-
farads. If the processor or deck has an input



impedance of 10 kilohms or less, the bass
will roll ofi as shown.

Figure 5, phono overload versus frequen-
cy, indicates what output voltages can be at-
tained at 2% THD + N with instrument
loading and the input voltages needed to
produce this output (left channel shown;
the right was almost identical). In an ideal
phono preamp, the output voltage would
be flat with frequency and the correspond-
ing input voltage would be the exact inverse
of the RIAA equalization curve. In the Pre-
1, the attainable output voltage is very large,
with a corresponding input acceptance of

ASSOCIATED

EQUIPMENT USED

Equipment used in the listening tests

for this raview consisted of:

CD Transports: Sonic Frontiers SFT-1
and Counterpoint DA-11A

CD Electronics: Genesis Technologies
Digital Lens anti-jitter device; Sonic
Frontiers SFD-2 MKII, Classé Audio
DAC-1, and Manley Reference D/A
converters

Phono Equipment: Oracle turntable,
Well Tempered Arm, Accuphase AC-2
moving-coil cartridge, and Vendetta
Research SCP-2C phono preamp

Additional Signal Sources: Nakamichi
ST-7 FM tuner, Nakamichi 250 cas-
sette rzcorder, and Technics 1500
open-reel recorder

Other Preamplifiers: Quicksilver Audio
preamp, Forssell balanced tube line
driver, and the reviewer’s passive sig-
nal seleztor/volume controller

Amplifiers: Sonic Frontiers Power-3
mono tube amplifiers, Anthem Amp-
1 tube amplifier, Quicksilver M135
mono -ube amplifiers with Svetlana
EL34 cutput tubes, and Arnoux 7B
digital switching amplifier

Loudspeakers: Genesis Technologies
Genesis Vs

Cables: Digital interconnects, AES/EBU
balanced Illuminati DX-50; analog in-
terconnects, Transparent Cable Music-
Link Reference (balanced) and Music
and Sound (unbalanced); speaker ca-
bles, Transparent Cable MusicWave
Reference

200 millivolts at 1 kHz. At high fre-
quencies, the Pre-1 departs from
the ideal, most probably a sign that
the input stage overloads before
the output stage does. With 1HF
loading, the attainable output volt-
age dropped about 80%, and
1-kHz input acceptance fell to 52
millivolts.

In the pre-equalized square-
wave responses of the Pre-1’s
phono stage with instrument load-
ing (Fig. 6), the 1-kHz traces (mid-
dle) reveal both a virtue and a vice
of the Pre-1. I have overlaid three
1-kHz traces, for output levels of 2,
4, and 6 volts, peak to peak. Some
asymmetry begins to appear at 4
volts out and becomes quite no-
ticeable at 6 volts, a sign that the
Anthem’s high-frequency accep-
tance is less than perfect. But the 4-
volt square-wave output is still
quite good and better than you’d
get from many other phono pre-
amps. The 40-Hz trace’s tilt (bot-
tom) indicates that response falls
off below 20 Hz.

The Pre-1 phono section’s left-
channel THD + N is plotted in Fig.
7 as a function of output level with
instrument loading. (The 20-Hz
curve is higher than the others at
low outputs because its measure-
ment bandwidth extends down be-
low 10 Hz, whereas the measure-
ments for the other curves are cut
oft below 400 Hz. This filtering is
used when measuring phono stages
so that THD readings won’t be
swamped by low-frequency noise,
which is boosted by RIAA equal-
ization.) With IHF loading, distor-
tion was about twice as high, and
maximum output was more on the
order of 10 to 12 volts.

Interchannel crosstalk via the
phono input was better than -80
dB up to 5 kHz and was 68 dB
down at 20 kHz. With an IHF
dummy moving-magnet cartridge
load terminating the undriven
channel’s input, crosstalk from the
left to the right channel was -53 dB
at 10 kHz but only =70 dB at 10
kHz in the opposite direction.
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Fig. 4—RIAA equalization
accuracy.
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Fig. 5—Phono overload vs.
frequency with instrument
load.

Fig. 6—Square-wave
response for 10 kHz at 2 V
out, peak to peak (top); for
1 kHz at 2, 4, and 6 V out,
peak to peak (middle); and
for 40 Hz at 2 V out
(bottom).

Rear panel of the Anthem Pre-1.
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THD + N vs. level.

The IHF signal-to-noise ratio from
phono input to final output was 75 dB for
either channel, based on an assumed input
level of 5 millivolts from a moving-magnet
cartridge and an output level of 500 milli-
volts. The Anthem’s A-weighted noise, re-
ferred to its input, was 0.32 microvolt with
the input short-circuited, 0.41 microvolt
with a 1-kilohm source impedance, and
0.73 microvolt with the IHF simulated
moving-magnet cartridge load, all for the
worse (right) channel.

Use and Listening Tests

For my first listening to the Pre-1, I tried
the Anthem in a familiar setup, where I use
an Arnoux 7B switch-
ing power amplifier
with either a Quick-
silver Audio preamp
or my passive signal
selector and volume
control. Here, the An-
them sounded very
good and similar to
the other preamps.

I next set up the Pre-1 between a Manley
Reference 20-bit D/A converter and a pair
of Sonic Frontiers Power-3 mono tube
amps, which fed a pair of Genesis V speak-
ers. Because the Anthem Pre-1 has only un-
balanced inputs and outputs, I had to
switch from my usual Transparent Audio
Reference balanced interconnects to Music
and Sound (MAS) unbalanced intercon-
nects. I listened for a while with the Manley
feeding the Power-3s directly via the MAS
cables, and the sound was very good. I then
inserted the Pre-1 between the Manley D/A
and the Power-3s.

PHONO PREAMP NOISE
WAS SO LOW
THAT | DIDN'T NEED

A TRANSFORMER
FOR MY MC PICKUP.

When evaluating components,
feel it’s essential to compensate for
any polarity reversals they intro-
duce. Because the Pre-1 inverts po-
larity and the Genesis V speaker
has a multipin connector between
its woofers and servo amp, I could-
n’t just reverse one end of each
speaker cable; I also had to make
up polarity-reversing cables to feed
the servo amp’s line inputs.

With the Anthem Pre-1 added to
my system and polarity corrected, I
could detect some loss of “there-
ness” in the reproduction, but the
sound was still very good overall.

The noise level of the Pre-1’s phono stage
was low enough for me to try feeding a low-
output moving-coil pickup directly to the
phono input, without bothering to use a
step-up transformer. At normal volume set-
tings, I could hear some noise right at the
speakers, but the sound was so good that I
felt no need for the transformer. I was very
pleasantly surprised at how good my
records sounded.

To see how the Pre-1 sounded with an
amplifier in the same price category, | also
paired it with an Anthem Amp-1, a tube
power amplifier of 40 watts per channel.
With CDs, this combination produced a
smooth and spacious musical sound.

The Pre-1 operated
flawlessly in the lab
and in my various
listening systems.
All of its controls
worked smoothly
and had a nice feel.
This
nary a click or pop to

preamp sent
the amplifiers when 1
turned it on or off. Overall, the sound I
heard from the Anthem Pre-1 was spacious
and detailed, with natural tonal balance.
Bass quality, extension, and impact were all
excellent. Further, I was pleased that I never
heard any undue edginess, in any of my lis-
tening systems; to me, that is a major posi-
tive attribute.

I liked the Anthem Pre-1 quite a bit. And
my experience with the Anthem preamp
and amp together convinced me that Sonic
Frontiers’ Anthem components do, as
claimed, deliver high-end sound at relative-
ly affordable prices. A
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PIONEER ELITE, continued from page 45
stopped at; it could be excellent, blurry, or
pixelated in spots, or it might shake as if the
decoder were skipping between nonrelated
fields. There’s no slow-motion capability for
DVD, nor is there realistic accelerated mo-
tion. In search mode, pictures snap between
distant frames with nothing in between.

Chapter skip worked properly on laser-
disc and the two sampler DVDs I had.
These DVDs did not provide a way to check
the subtitle or aspect-ratio features, but I
see no reason why they wouldn’t function
with a properly encoded disc. The samplers
did afford a limited way to check the multi-
language and viewing-angle features, and
these worked properly.

Subjective video evaluation is at least as
problematic as subjective audio evaluation.
One’s acuity to artifacts varies with seating
position, ambient light, and a host of other
factors, including what one had for break-
fast. That said, I found the DVL-90’s default
contrast setting somewhat higher than I
would like. Pictures were punchy and at-
tractive but, perhaps, a bit much so. Hori-
zontal resolution was excellent, but [ was
more aware of vertical interlace problems
on the DVL-90 than with other video
sources. Maybe because of this, I was more
aware of dot crawl along straight lines.
also seemed to be more aware of motion ar-
tifacts in fast-moving scenes, but I can’t
claim to have had a vast amount of experi-
ence with DVD performance.

Time will tell where the Pioneer Elite
DVL-90 ranks among DVD players. At the
moment, it has relatively little competition,
and it does perform very well. I have no
doubt that anyone accustomed to watching
VHS tape will be blown away by a DVD
played on the DVL-90. There’s no compari-
son in resolution, clarity, or color accuracy.
And overall, DVD picture quality was better
even than laserdisc’s. The DVL-90 also does
an excellent job with laserdiscs, however.
It’s so good, in fact, that I’d not be surprised
to find some viewers preferring the LD for-
mat, at least initially, for its superior slow-
motion and still-frame features and for its
currently much deeper software catalog. In
any event, with its ability to play almost
every type of optical disc on the market—
audio as well as video—the Pioneer Elite
DVL-90 offers a universal solution, and a
very fine one at that. A
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Addendum:
DIGITAIL PHASE
AP-2.1 SPEAKER

n my review of the Digital Phase AP-2.1
speaker (November 1996), I noted a
somewhat uneven bass response, a
rolloff below 50 Hz, a high-frequency
rolloff, and a low (2.7-ohm) impedance
at high frequencies. Daryl Powell, pres-

Company Address: 6223 Lee Highway,
Suite 205, Chattanooga, Tenn. 37421;
800/554-7325.

http://www.mindspring.com/
~dgpow/dphase.htm

For literature, circle No. 94

ident of Digital Phase, called to say that the
company’s measurements showed solid and
smooth response throughout the treble and
to below 40 Hz in the bass.

The high-frequency rolloff and the low
impedance made Powell suspect that the
tweeters in the speakers I'd evaluated had
been damaged. Such damage could occur in
shipping or from the speakers’ being over-
driven by a prior listener. (To prevent such
problems, [ always do my maxi-
mum power testing on a speaker

It turned out that the uneven, rolled-off
bass [ originally reported was not a charac-
teristic of the speaker; rather, it resulted
from response irregularities below 100 Hz
in the large anechoic chamber 1 now use
for speaker tests. These irregularities affect
bass measurements made with a micro-
phone 2 meters from the speaker. In previ-
ous reviews, | had combined the 2-meter
low-frequency response data with data
from closer mike positions, which mini-
mized the effect of the chamber errors.
This was not practical with the AP-2.1,
however, because of the very large separa-
tion between its woofers and ports.

The response curve in Fig. | takes the
chamber’s low-frequency irregularities
into account and includes additional cor-
rections based on ground-plane measure-
ments. Except for the dip at 166 Hz, which
is not very significant (and does not appear

100 .
after my other measurements and TEF
my listening tests, and I make 9
maximum-power tests on only @
one speaker of the pair.) il 80
Digital Phase then sent me two @
new tweeters, which I installed in 70
the original speakers. With these o - )
new drivers, the AP-2.1’s high-fre- 20 100 1k 10k 20k

quency response improved greatly,
becoming commendably flat all

FREQUENCY - Hz

Fig. 1—Frequency

the way to 20 kHz. The high end, response.
which I had called subdued in the
original review, was subdued no
100 -

longer and had become smooth
and extended. This can be plainly
seen in the new frequency re-
sponse graph (Fig. 1), which I
made with the speaker’s grille off.
Pink noise was reproduced quite

IMPEDANCE - OHMS

smoothly, with hardly any tonality.
The AP-2.1s were now slightly
brighter than the B&W 801 Matrix
Series 3 speakers I use for compar-
isons, but this brightness did not
translate into any harshness on
cleanly recorded female vocals or
other demanding material.

Figure 2 shows the impedance magni-
tude with the new tweeter installed. The
high-frequency minimum impedance has
increased from 2.7 to 3.4 ohms (and shift-
ed downward in frequency from about 5.5
to 4.5 kHz).
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20 100 1k

18.7 OHMS

3.4 OHMS

10k 20k
FREQUENCY - Hz

Fig. 2—Impedance
magnitude.

in measurements made in normal listening
rooms), the curve fits a very tight, 3.4-dB,
window from 42 Hz to 20 kHz. The low-
frequency response is smooth and extends
below 40 Hz.

To double-check the anechoic measure-
ment of Fig. 1, [ retested the AP-2.1 at sev-



eral different places in the anechoic cham-
ber and with several different microphone
positions, made several ground-plane
measurements, and examined a ground-
plane curve made by Digital Phase. All these
curves had different versions of the 166-Hz
dip seen in Fig. 1, so 1 concluded that the
test chamber was not causing it. However,
the dip’s depth varied from curve to curve,
obviously varying with the phase relation-
ship at the microphone between the
woofers’ aad ports’ outputs. In Digital
Phase’s curve, the dip was about only 2 or 3
dB deep.

In my orjginal review, | praised the Digi-
tal Phase AP-2.1 but expressed two reserva-
tions. The Qrst concerned the speaker’s sub-
dued high end; with the new tweeters, that
reservation is gone, and my already favor-
able impression of the AP-2.1s has gone up
a large step. My second reservation con-
cerned a resonance at 166 Hz, caused by
spurious radiation from the ports at the

WITH THE REPLACEMENT
TWEETERS,
RESPONSE BECAME

COMMENDABLY FLAT
ALL THE WAY TO 20 kHz.

rear of the enclosure. In the follow-up lis-
tening tests I made with the replacement
tweeters, I jpaid close attention to the audi-
ble effects of this resonance and, as before,
could hear it on only a very few CDs. I be-
lieve there are two reasons why this reso-
nance is hard to hear. First, it has a high Q,
and hence a narrow bandwidth; low-Q,
broad-band resonances are far more audi-
ble. Second, its effect is masked by standing
waves and modal effects in the listening
room, which often cause frequency peaks
and dips quite similar to the effects of the
resonance

With the flat and extended high end
from the replacement tweeters, the Digital
Phase AP-2.1s represent even better value
for the money than 1 originally thought.
They should be considered by anyone seek-
ing a high-performance tower speaker with
extremely|good looks (complimented by al-
most everyone who saw them) and a solid
high-end ?edigree. A
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COREY GREENBERG

THETA DIGITAL
CASABLANCA
SURROUND PREAMP

I hen Theta Digital’s Neil
Sinclair told me more
than a year ago that he
was thinking about in-
troducing a home the-
ater surround processor,

I wondered which category the new
Theta would wind up in. Would it be
like processors from Proceed and
Meridian, which took home theater
seriously from the outset and de-
signed innovative, high-performance
surround sound preamplifiers that
hit all the right notes for music and

Company Address: 5330 Derry
Ave., Suite R, Agoura Hills,
Cal. 91301; 818/597-9195.

For literature, circle No. 95

movie soundtrack processing? Or
would the new Theta be another of
the oddball processors that eschew
even basic Dolby Pro Logic process-
ing in favor of
nothing more
than active
versions of the
30+-year-old
Hafler passive
sum/differ-
ence matrix
circujt, meant
to subtly en-
hance stereo music rather than prop-
erly decode movie soundtracks?
Coming out with a multithou-
sand-dollar surround processor
these days that doesn’t have Dolby
Pro Logic, much less Dolby Digital
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IS THE CASABLANCA
SURROUND PREAMP

PERFECT IN EVERY WAY?
YES AND NO.

(AC-3) or DTS, is just plain frighten:
ing. And most high-end surround
processors that do decode Dolby Sur-
round are flawed in other ways, such
as having overly wide steps in the
channel level-calibration scheme,
skimping on the number of inputs
because the designer’s got no idea
how many sources can pile up in a
home theater, failing to include prop-
er bass management and subwoofer
crossovers, or adding on-screen
menus only for the composite video
output, not the S-video. Or or or.

At first glance, Theta
Casablanca looks like the biggest,
beefiest surround preamp you’ve
ever seen. This thing’s huge! At 19
inches wide x 16 inches deep x 72

the

inches high, and weighing in at a
healthy 43 pounds, it’s even bigger
than Theta’s Data III laserdisc/CD
transport, which was the biggest slab
in my equipment rack before the
Casablanca arrived. Why’s it so big?
Because aside from its multiple over-
sized power supplies, its design is
more akin to that of a personal com-
puter than a hi-fi component. In-
stead of everything mounted on the
same circuit board, the Casablanca is
basically a mainframe and power sup-
ply on a chassis, with a series of slots
that accept Theta’s various circuit
cards, each handling a different task.
Just as a PC has slots for internal mo-
dem cards, video cards, sound cards,
and so forth, the Casablanca has card
slots for digital input, analog audio,
video, Dolby Digital/Pro Logic, DTS,
and anything
else that devel-
ops down the
[ think
this is a great
idea (as does
Meridian,
which adopted
the same kind
of PC-like de-
sign for its new 800-series electron-
ics). State-of-the-art home theater is
such a moving target these days, and a

road.

PC-type design makes customization
and upgrading as easy as installing an
internal modem.

Photo: Michael Groen



You start with the base model Casablan-
ca, which runs $4,500. This includes the
digital input card, which has six coaxial S/P
DIF inputs and two Toslink optical inputs,
and the analog input card, which has provi-
sion for six analog stereo audio sources. The
analog card can be thought of as a signal
router and high-quality analog preamp,
with a gain stage and a stepped attenuator
for each of the Casablanca’s six audio out-
puts. The attenuator—which consists of a
digitally controlled, precision, metal-film
resistor ladder with an active buffer stage
on its output—is the last stage before the
output jacks.

Unlike other DSP-based surround pre-
amps, such as the Meridian 565 and Lexi-
con DC-1, the Casablanca has an “Analog
Direct” mode that bypasses the A/D and
D/A conversion stages entirely to get the
best sound from stereo-only analog
sources, such as LPs. I say “stereo-only,” be-
cause the Casablanca doesn’t perform any
kind of aralog surround decoding. If you
want to hear Pro Logic surround from an
analog source, such as a VCR, the Casablan-
ca converts the analog audio to digital
through its high-quality, 18-bit A/D con-
verter and then sends it on to the DSP en-
gine that enables the various surround
modes. The Casablanca does have what
Theta terras an “Analog Matrix” surround
mode, however, which passes left and right
signals like bran flakes through a goose,
simultaneously tapping them to the A/D
converter to derive a DSP-generated L + R
center channel and L - R surround chan-
nel—essentially a Robo-Hafler circuit. P've
never found myself in any listening/viewing
scenario where this particular mode was the
most appropriate, but at least brawny own-
ers of Audio Research and Naim surround
preamps won't be able to kick sand in your
face at the beach.

However, you can’t run home and plug
this thing in right away. You still need to
add some D/A conversion cards, which is
where the customizing comes in. The
Casablanga has three D/A card slots, and
Theta offers two grades of D/A cards,
Standard jand Superior. The 18-bit Standard
card is said by Theta to be somewhat better
than its $695 Chroma D/A converter, while
the 20-bit Superior card is said to fall
between its DS Pro Basic I1l-a ($2,100)
and its flagship DS Pro Generation V-a Bal-

anced ($5,600). 1 happened to have a Gen-
eration V-a on hand, so I compared the
sound of the Superior card to the V-a
plugged into an analog input with the
Casablanca in “Analog Direct” mode. Yes,
the V-a sounded better, but we’re really
splitting ant hairs here. I didn’t hear much
tonal difference, but there was a bit more
sense of depth with
the V-a than with the
Superior card. If 1
were a rich man, yada
dada deeda dada dee-
da deeda deeda dee, 1
would plug a V-a into
the Casablanca for the
very best sound from
my CDs. But back on
planet Earth, I’d be more than happy with
Theta’s Chroma-grade Standard card for
the front-channel audio, much less the 20-
bit Superior card.

With these two grades come further op-
tions. You can get a two-channel Superior
D/A card if you want the Casablanca to be
just a stereo digital preamp. For surround
sound, you can stick a single six-channel
Standard card in the first slot or a three-
channel Superior card in the first slot for
the front channels and a three-channel
Standard card in the second slot for the
subwoofer and surround outputs. Or you
can go whole hog and stick Superior cards
in both slots for 20-bit processing all
around the room. The six-channel Stand-
ard card has unbalanced RCA outputs,
while the three-channel Superior and
Standard cards have balanced XLR as well
as unbalanced RCA outputs. And the third
slot? Well, that’s for when your wife finally
leaves your scary ass because you wanted a
third three-channel card for right front sub,
left front sub, and surround sub (figuring if
you can go there, you're capable of God-
knows-what). )

The base model Casablanca includes
Theta’s proprietary DSP surround engine.
But if you want to add Dolby Digital, you’ll
need to get the $500 Dolby Digital board
and, if you want to play AC-3 laserdisc
soundtracks, the $500 RF demodulator
board (DVDs won’t need the RF demodu-
lator stage, as they deliver the Dolby Digital
bitstream directly via a standard S/P DIF
output). The RF demodulator board has
two RF inputs plus an AES/EBU digital in-

AUDIO/APRIL 1997
61

THE CASABLANCA HAS
THREE D/A CARD SLOTS,
AND THETA OFFERS

TWO GRADES OF CARDS,
STANDARD AND SUPERIOR.

put, a BNC digital input, and a Toslink opti-
cal input; an ST or Theta Single-Mode opti-
cal input is optional. DTS decoding re-
quires another $500 board. All three boards
were in my review sample.

Although the video card wasn’t ready for
me to review, it should be available by the
time you read this. Forgoing this card
means having to plug
all of your video
sources directly into
your video monitor
and doing the video
switching there while
the Theta preamp
switches the audio!
As 1 understand
it, hard-core video
goons do this as a matter of course and look
down on anyone who routes video through
a surround processor. But, criminy, who
wants to punch two remotes every time he
switches sources? Theta’s video card will
handle even the most comprehensive home
theater rig; it will have six composite video
inputs, four S-video inputs, and full on-
screen menus for both types of connection.

All the best surround processors have
enough bass management options to cover
most systems, but the Casablanca really
goes to the mat with its DSP bass cross-
overs. Not only can you send each individ-
ual speaker a full-range signal (or one that’s
high-pass-filtered to remove the bass in sys-
tems where a separate subwoofer handles
the low end), but you can adjust the cross-
over frequency in 20-Hz steps from 40 to
120 Hz. You can also decide how steep a
slope you want the high-pass filter to have:
6, 12, 18, or 24 dB per octave (first through
fourth order, respectively). And when you
decide to bass-manage any of your speak-
ers, the Casablanca is smart enough to send
the bass to the front left and right speakers
if they’re full-range or to a separate sub-
woofer if one is connected.

Okay, on to the audio modes. In its basic
form, the Casablanca has seven modes:
“Analog Direct,” an all-analog, no-process-
ing, purist stereo pass-through; “Analog
Matrix,” the Robo-Hafler mode that passes
the left and right analog signals and digital-
ly derives an L + R center channel and an
L — R surround signal; “Simple Matrix,” a
full DSP iteration of the Robo-Hafler mode
for digital inputs; “Special Matrix,” a DSP



mode similar to Dolby Pro Logic but with
more extended high-frequency response in
the surround channel and what sounds like
a subtle stereo-izing there as well; “Dolby
Pro Logic” itself, tweaked and polished in
the DSP realm by Theta; “Stereo,” which is
straightforward, two-channel D/A conver-
sion for listening to CDs via a digital trans-
port; and “Mono,” which for some strange
reason combines the left and right channels
into one and sends it to both the left and
right speakers. Why it does this, [ have no
idea, because it would sound much better
and more coherent if the mono signal were
sent to just the center speaker; off-center
listeners won’t hear the apparent image
jump over to whichever main speaker they
are sitting closer to, for one thing. And then,
of course, there are the optional surround
modes, Dolby Digital and DTS. (I'd love to
see other manufacturers offer their own
plug-in cards for the Casablanca, like an
Audible Illusions phono stage or a Pioneer
karaoke board. Karaoke in digital surround
would be a turning point for mankind!
Why are they keeping this from us?)

Here’s another great thing about the
Casablanca: This thing is a breeze to set up.
Two buttons, “Mode” and “Setup,” and an
up/down/left/right quartet of cursor con-
trols are on the front panel and duplicat-
ed on the remote.
“Mode” and “Setup”
get you into option
menus, and the cur-
sor controls get you
where you want to go.
As Theta puts it, “The
same button that gets
you into a menu gets
you back out of it.”
Sounds simple, but believe me, this one
thing makes all the difference in the world.
Without on-screen menus or even reading
the manual, I had the Casablanca dialed in
and ready to rumble in no time flat. Theta
really scores here for designing a surround
preamp that’s so comprehensive and yet re-
mains so easy to set up and opérate.

So how’s it sound? Given my strong lik-
ing for Theta’s two-channel D/A converters
over the years, I expected the Casablanca to
rock. And looking at the circuit flow chart
and feature set, | immediately could tell that
Theta had paid full attention to those little
areas in which some competitors come up

THE CASABLANCA
IS THE CLEANEST,
BEST-SOUNDING

SURROUND PROCESSOR
| HAVE HEARD.

short. Theta must have taken notes about
the weaknesses of earlier processors, be-
cause it has avoided every one of them. But
more important, Theta imported its leg-
endary DSP and D/A conversion and then
hung a simple, audiophile-grade analog
preamp on the output, avoiding the volt-
age-controlled amplifiers, digital-domain
volume controls, and other sonically com-
promised approaches to multichannel level
control found in other processors. The re-
sult is surround sound like I’ve never heard
it before, even from such standard-bearers
as the Meridian 565 and the Citation 7.0.
The Theta Digital Casablanca is the clean-
est, meatiest, and best-sounding surround
processor | have heard.

As you might expect from any box sport-
ing the winged Theta logo, the Casablanca
has amazing bass. Not just tight and power-
ful bass but fast, detajled, multidimensional
bass, the likes of which I don’t hear from
the Citation or the Meridian. Bass sounds
of all sorts were unraveled by the Casablan-
ca, revealing more complexity and texture
than I’d previously noticed. Even some-
thing as simple as the opening bass riff at
the start of Apocalypse Now, when the
chopper flies across the screen and The
Doors kick off “The End,” suddenly sound-
ed like a real electric bass being played by a
real guy’s finger.
(This passage wasn’t
that clear on the orig-
inal record and sure
didn’t gain fidelity
when Francis Ford
Coppola’s technician
dubbed it onto the
soundtrack, revers-
ing the right and left
channels.) It had all the added upper-bass
character and color of an old Ampeg tube
bass amp.

The Casablanca also beat the other
processors in sheer dynamic impact. The
Citation is very, very good in this respect,
while the Meridian’s smoother, gentler
character seems to rein in its ultimate fury.
But the Theta is the champ here, by a long
shot. It’s no wonder that an all-out, no-
compromise $8,500 processor (the price of
the configuration I reviewed) can sound
more gutsy and unrestrained than one less
than half its price, but the Meridian 565
AC-3/562V combo is right in the Theta’s

AUDIO/APRIL 1997
62

ballpark price-wise, and it doesn’t convey
anything like the sense of dynamic scale
that the Casablanca hurls at the rest of the
system. Hearing this difference reminded
me of the first time I compared a purely
passive preamp to one with a good active
buffer on its output. Both sounded pris-
tinely clean and detailed, but the buffered
preamp seemed to hurl dynamics at the
amp and speakers. Music sounded like it
was being played at a faster tempo, and
transients leapt into the room like they do
in real life. That’s precisely the effect that
installing the Theta Casablanca had on my
reference system. It has never sounded as
good as it does with the Theta at the wheel.
The Casablanca sets a new high-water
mark for spatial coherence, too. On first lis-
ten, it sounded as if its surround channels
were lower in level than those of the Cita-
tion or Meridian, even though my SPL me-
ter showed perfect channel calibration for
all three processors. But after a while, the
Theta’s subtler, more natural presentation
won me over. The Citation’s “6-Axis” sur-
round mode throws so much front left and
right info back to the surrounds that the
sheer quantity of information coming from
them can be distracting (even though most
of the time it sounds so cool). The
Casablanca, on the other hand, carves an ac-
curate sound field that presents the original
mix, nothing more and nothing less. It took
some getting used to after living with the Ci-

tation for so long, but now I’m hooked.
Even in Pro Logic mode, the Casablanca
presented surround mixes that sounded
precisely anchored, as if [ were hearing a
good discrete Dolby Digital mix. It’s the
same kind of improvement I heard when |
first compared the sound of a good Philips
CD player to the sound of that player’s dig-
ital output driving a Theta DS Pro Basic
D/A converter. In the first seconds of my
initial session with the Casablanca, 1 could
tell that its image solidity was markedly bet-
ter than that of the Citation and Meridian
processors. 1 did most of my auditioning
with the Casablanca set for Pro Logic (the
“Special Matrix” mode doesn’t sound that
different, and 1 found 1 preferred straight
Pro Logic on most movies), but my com-
ments about image solidity apply to Dolby
Digital soundtracks as well. The few DTS
demo discs I had on hand to audition the
Continued on page 72



It falls apart, destroys ampilifiers, theres no bass and no volume, only one person at a time can listen, it takes up too much

space and its dangerous. But its clarity is beyond any other loudspeaker known to man. The year was 1978, and

everyone <aid | was mad. Back then, their fears of static loudspeaker technology were wellfounded. But | was
obsessed with the clarity, and determined to cr sudspeaker the like of which this world had never known.

After four vears of struggle and disappointment, Martin-Logan introduced the Monolith I. We had eliminated every problem

and overcom‘}every fear. All that remained was the incredible clarity. When you become disenchanted

by the ordinary, we invite you to experience Martin-Logan technology. One of our chosen specialists will show you

PRABTIN
LOGANE

o

what it is to touch space, feel an image, relish a sublime madness.

913-749-0133

©1996 MaunlLogan Ltd. All nights reserved




Controls for
phase, volume,
and crossover
frequency are
on the rear.

ANTHONY H. CORDESMAN

REL STENTOR I1
POWERED
SUBWOOFER

t’s ironic that one of the world’s

best subwoofers comes from

Britain. Most British speakers

lack deep bass, and British hi-fi

reviewers sometimes approach

low bass as if it were a lower-class
aberration, tolerable only in the
Colonies. The REL Acoustics Stentor
Il powered subwoofer rises above—
or, rather, delves be-
low—this prejudice.
It is musically accu-
rate, and its deep bass
\ and musical dynamics
are world-class.

The Stentor I, very definitely a
high-end product at $4,000, shows
its quality in its sound, not in unusu-
al styling or new technology. Better-
finished than most subwoofers, it
still looks like just one more big box

(23 x 21 x 14% inches).
Only when you try to lift
it and find that it weighs
132 pounds do you be-
gin to realize that it is
hardly an ordinary sub-
woofer.

The Stentor II’s fre-
quency range is roughly
15 or 20 Hz to 100 Hz,
and it has a built-in, 12-
dB/octave low-pass filter.
Its sole driver, a propri-
etary 10-inch woofer
with a cast magnesium
basket, fires toward the
floor from its 72-liter
ported enclosure.

The Stentor II has a
built-in, MOS-FET pow-
er amplifier that is said
to deliver 200 watts of
high-current power and
like
many powered subwoofers, it has a

is  DC-coupled;

limiter to prevent overloading. On
the rear are a volume control and
switches for polarity inversion and
crossover frequency. The crossover
switches, “Fine” and “Coarse,” en-
able you to adjust the nominal cross-
over frequency from 25 to 100 Hz in
16 gradual steps.

The Stentor I does differ from the
pack in two important ways. First, it
uses relatively complex resistive
loading rather than a standard bass-
reflex design. Second, it does not
have a built-in high-pass filter; you
may need to add one to keep low
bass frequencies from going to your
main speakers.

Connections to the Stentor II con-
sist of an XLR and two RCA jacks,
which are in parallel. The owner’s
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manual tells you how to wire a cable
to feed stereo or mono line-level sig-
nals to the XLR jack. For speaker-lev-
el signals, REL provides a cable with
an XLR plug at one end and bare
wires at the other. For stereo music, 1
recommend using the speaker-level
connections, which the manual says
will provide the highest quality
sound. With surround, it might be
better to connect your system’s sub-
woofer output to the Stentor II’s line
inputs; this will enable you to roll off
your main and surround speakers’
bass below 80 Hz and therefore drive
those speakers to higher output levels.

The Stentor Il requires extensive
breaking in (more than 50 hours) to
perform at its best. It also requires a
great deal of experimentation with
the polarity switch, the “Fine” and
“Coarse” crossover switches, and
placement to optimize its musical
performance and minimize very
low-frequency resonances from
room interactions.

The instruction manual does a
reasonably good job of telling you
how to deal with connections and
control settings. However, just a sin-
gle long paragraph is devoted to
placement, which greatly understates
the value of corner location. (Per-
haps the reason the manual says so
little about corner placement is that
REL presumes the Stentor II will be
used with British speakers. Many of
these speakers have less bass exten-
sion than their American counter-
parts; when the Stentor Il is used
with them, its crossover must there-
fore be set at frequencies high
enough to make the subwoofer’s
output seem directional.)

Before you start experimenting
with this subwoofer’s placement, I
strongly suggest that you read Tom
Nousaine’s article, “Placing the Bass:
Two Subs in a Corner Beats Five in
the Round” (Audio, June 1996). [

Company Address: ¢/o Sumiko,
P.O. Box 5046, Berkeley, Cal.
94705; 510/843-4500.

For literature, circle No. 96
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then recommend that you begin with cor-
ner placement and next try moving the
subwoofer in and out along an 18-inch di-
agonal until you find where it sounds best.
Every room is different. The key to success is
experiment\ation and extended listening; the
best result may come from breaking the rules.

Test tones are not enjoyable listening, but
they can gi"ve you considerable insight into
a subwoofer’s ability to deliver extremely
deep bass, FO do so at loud volumes, and to
clearly differentiate one bass tone from an-
other. The REL Stentor II’s performance
with sine-*vave test tones and third-octave
pink noise was outstanding. Very few sub-
woofers can reproduce test tones as solidly
and cleanly to the depths below 35 Hz as
the Stentor I did. It also proved exception-
ally clean with sine-wave and pink-noise
sweeps. The few colorations I did hear were
mostly du‘e to problems of my listening
room.

The real test of audio equipment is how
it sounds vlvith music, and the Stentor Il did
a superb jeb on disc after disc. [ played all of
my bass spectaculars and a wide variety of
organ and bass drum music. This included
several ver|y demanding tracks: organ music
going down well below 32 Hz (e.g., Freder-
ick Fennell, Pomp & Pipes, Reference
Recordings RR 58), the usual Telarc bass
drum spectaculars, bass synthesizer and
bass guitar music (The Absolute Sound,
Hearts of Space HS-11103), and the famous
heartbeats on Pink Floyd’s Dark Side of the
Moon. The Stentor Il seemed to fill in the
bottom half-octave almost seamlessly, with
no added warmth or overhang.

This is one subwoofer whose ultra-low
bass contributes to the music rather than
dominating it. The Stentor I easily handled
the most demanding deep bass from solo
instrumerits, the most complex percussion
music (the Sheffield Drum & Track Disc,
Sheffield Lab 11420, and its LP version),
and orchestral music (Eiji Oue with the
Minnesota Orchestra on Stravinsky’s Le
Sacre du Printemps, Reference Recordings
RR 70).

The Stentor II also delivered outstanding
musical accuracy on many LPs and CDs
whose deep bass content is limited. On
these recordings, subtlety—not power—is
required; a subwoofer must deliver tight,
musically accurate bass on low- to mid-lev-
el signals‘and do so without coloring the

THE REL STENTOR II
IS MUSICALLY ACCURATE,
AND ITS DEEP BASS
AND DYNAMICS
ARE WORLD-CLASS.

music. The Stentor I was almost sonically
invisible in such cases. It delivered the
amount of bass that was actually there, and
only that bass.

A subwoofer this good would be wasted
if it were used with a main speaker that has
significant bass problems, one whose bass
rises just before it cuts off or whose bass re-
sponse is so weak that it requires a cross-
over setting much higher than 80 Hz. A cut-
off much above 80 Hz could make the
subwoofer’s location audible and, in my ex-
perience, lead to excess warmth in the over-
all sound.

That said, it should be unusually easy to
match the Stentor II to a wide range of
high-quality main speakers. It may not have
a built-in high-pass filter, but the ability to
set its crossover frequency in very small
steps from 100 Hz down to 25 Hz helps
provide an excellent match between the
Stentor Il and the bass rolloff of well-de-
signed main speakers. For example, I found
that the REL best matched my main speak-
ers at lower crossover frequencies than I am
used to using with them. The Stentor 1I's
ability to cross over very low is a major ad-
vantage because it reduces the ear’s ability
to localize the subwoofer or otherwise dis-
tinguish it from the main speakers, thereby
improving the overall sonic blend. (When
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used at high crossover frequencies with typ-
ical 12- to 18-dB/octave crossovers, most
subwoofers can audibly pass lower mid-
range tones.)

The Stentor Il is one of the few sub-
woofers possessing the speed, dynamic
range, and flexibility to match up well with
even ribbon and electrostatic speakers. Al-
though a purist might want to use a dedi-
cated crossover with them, I got good per-
formance from the Stentor II with Thiel
CS7s, the ribbon drivers in Apogee Studio
Grands, and Quad ESL-63s. These very de-
manding, reference-quality speakers have
vastly differing requirements, and the Sten-
tor I did well with all of them.

The Stentor 11 is considerably more live
and dynamic than many powered sub-
woofers of its size; equally important, it is
more musically natural. It does not, howev-
er, have the dynamic capabilities of the
largest subwoofers and bass towers. After
all, there are limits to what a single 10-inch
driver can do. If you are looking for the ul-
timate in deep bass dynamics and power for
home theater, I would recommend REL’s
Studio Il subwoofer ($8,000).

The Stentor II performed very well in my
audio/video system when I kept listening
levels within rational bounds. I could hear
the effects of its power limiter when I
played extremely demanding Dolby Digital
(AC-3) soundtracks at full volume, and it
started breaking up at levels where a few
other subwoofers, designed to deliver more
than 110 dB SPL, are still going strong. On
the other hand, the Stentor II experienced
these problems only at sound pressure lev-
els well in excess of 105 dB.

The REL Stentor [I was remarkably im-
pressive. Unlike many products that claim
to be subwoofers, it really did reproduce the
lowest depths. It did not alter the sound of
organ, percussion, piano, cello, or bass vio-
lin. Instead, it smoothly provided, with as
much “concert hall” or “live performance”
realism as my room allows, the bottom oc-
tave or half-octave of bass that the vast ma-
jority of full-range speakers can’t deliver.
Yes, it was also a very good subwoofer for
home theater, but artificial spaceship,
bomb, and cannon noises are more a test of
loudness than of listenability. Audiophiles
will value the REL Acoustics Stentor II for
the superb way it reproduces the bass in
classical, jazz, and acoustic rock music. A
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ANTHONY H. CORDESMAN

APOGEE ACOUSTICS
SILANT 6 SPEAKER

Company Address: One Prog-
ress Way, Wilmington, Mass.
01887; 508/988-0124.
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y love affair with ribbon
drivers dates back to the
Kelly tweeters in a speaker
system that I had as a stu-
dent, back in the 1960s.
Even now, [ suspect the
Kellys would provide some of the
cleanest treble around, though only

within their narrow frequency range
and their limited dynamic range. But
today’s ribbons, reflecting 30 years of
evolution, offer smoother frequency
response (including full midrange
coverage), excellent dynamic range,
much better dispersion, and reason-
able efficiency; they also present rela-
tively normal loads to an amplifier.
Ribbons have unique sound qualities
and provide a great deal of informa-
tion and detail in an exceptionally
musical, natural form. [ am not sure
that current ribbons are measurably
or audibly “faster” or “cleaner” than
the best current dome tweeters. Yet
they are certainly competitive with
the best domes, and some ribbon
drivers have better upper-octave per-
formance than any electrostatic I've
heard.

These qualities are a key reason I
use the Apogee Acoustics Studio
Grand as one of my reference speak-
ers, and the ribbon in the Slant 6 has
many of the same advantages.
(Apogee is phasing out the “Centau-
rus” designation that appears on the
Slant 6 I reviewed.) However, the
Slant 6’s ribbon is not a full-range
exotic driver but a 26-inch dipole,
crossing over at 1.2 kHz to a 6%2-inch
cone woofer. This hybrid design of-
fers many of the benefits of a tull-
range ribbon in a less expensive
($2,500/pair) and much smaller
package.
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The Slant 6 looks surprisingly
small, considering its size (14%2 inch-
es wide x 14¥% inches deep x 52%
inches high), because its rounded
and slanted shape makes it seem less
obtrusive. Further, it weighs only 80
pounds, enough to be solidly built
without presenting the weight-lifting
challenges posed by full-range rib-
bon loudspeakers.

The 26-inch ribbon in the Slant 6
may be too small to cover the entire
midrange or create the broad, spa-
tially fixed image of a full line source,
but it sounds exceptionally clean and
coherent. It is smooth and sweet but
doesn’t sacrifice life or dynamic ex-
citement. As a result, this is a highly
competitive speaker in one of the
most demanding price ranges in the
high end.

The Slant 6 demonstrates that hy-
brid speakers can deliver a remark-
ably smooth transition between their
cone woofers and their ribbon or
electrostatic top-end drivers, which
was not the case a mere half decade
ago. Today’s best hybrids minimize
the differences in driver directivity,
efficiency, and apparent speed that
once made such speakers’ crossover
points all too audible, and they no
longer pose dauntingly complex
loads to amplifiers.

The Stant 6’s woofer has a large
voice coil and heavy magnet, placed
in a well-designed, solidly built reflex
enclosure that produces no audible
port noise. The speaker is easy to bi-
wire, uses very high-quality speaker
connectors, and comes with spikes. A
three-position switch enables you to
adjust the relative level of the woofer
and ribbon, helping to compensate
for inevitable interactions between
the room and the speaker.

The Slant 6 needs extensive break-
ing in (I put some 50 hours of music
into the speaker before [ felt it
sounded its best), but this is becom-
ing common and is scarcely a big
deal. In spite of rubbish you may
hear, breaking-in does not require
special CDs or tone generators. Just
use FM interstation hiss, or set your
CD player to repeat a disc indefinite-



ly while you’re at work or out of the room.
Moderate volume seems to work fine;
there’s no reason to annoy yourself or your
neighbors.

Do pay close attention to the Slant 6’s
setup instructions. To get the best imaging
and highs, it’s critical to adjust the speaker’s
tilt to optimize its sound at your listening
position. (A small mirror is provided to
help you get this right.) And pay equal at-
tention to the manual’s instructions about
placement, spacing, and toe-in—at least as
a starting point. The Slant 6 is sensitive to
all these factors, perhaps because it is a di-
pole and has a large radiating area to the
rear. I've read ads, articles, and engineering
tracts that say dipoles are less sensitive to
room effects than other speakers are; all of
my practical experi-
ence tells me that’s
not the casz.

Speaker placement
and room character-
istics always have a
major impact on a
speaker’s sound char-
acter, and this seems
to be especially true
of dipoles. Relatively minor changes in the
distance between the speaker and the wall
behind it often affect the apparent energy
and focus of the upper octaves, softening
them or making them seem slightly bright;
placing a dipole too close to a side wall or
piece of furniture can smear or confuse the
soundstage. The absorption or reflectivity
of the wal' behind the speaker can also af-
fect upper-octave energy and the sound-
stage, as can placing ribbon drivers too
close to furniture or a shelf.

To get the very best out of the Slant 6,
you have to go beyond the manual and find
how far apart the speakers must be to yield
the widest soundstage without loss of cen-
ter fill, imaging quality, and depth. Tweak-
ing the toe-in may not be vital, but the
soundstage is so well focused that you’ll
miss a lot of sonic nuance if you don’t take
the time to experiment.

It also takes experimentation to find the
room placement that simultaneously gives
you the best sound from both the Slant 6’s
ribbon tweeter and its cone woofer. Fortu-
nately, this was significantly easier than
with many hybrid speakers I've tried. To
some extent, I credit this to the Slant 6’s

THE APOGEE SLANT 6
GIVES YOU MANY
OF A FULL-RANGE

RIBBON’S ADVANTAGES,
AT A LOWER PRICE.

woofer, which appeared to emphasize speed
and dynamics over deep bass power. (Its
bass rolloff tapered smoothly below 35 or
40 Hz, without rising to an audible peak.)
These woofer characteristics not only im-
proved the sonic match between the ribbon
and the cone but also made the Slant 6’s
bass less sensitive to room placement. In
three different rooms, I could position the
speaker for optimum midrange and treble
performance without making major sacri-
fices in bass.

Even after 1 played around with room
placement, I found the Slant 6’s woofer just
a bit warm in the mid-bass, upper bass, and
lower midrange. Fortunately, this warmth
sounded pleasant with many close-miked
recordings and was not accompanied by the
bass overhang that
blurs detail and com-
presses musical pas-
sages that have lots of
deep bass energy. The
bass was good, not
great. There was a
surprising amount of
bass energy and de-
tail, and the low bass
was audibly present when required. Howev-
er, as is common with speakers in this price
range, real bass power kicks in only above
45 Hz.

The Slant 6 handled percussion tran-
sients and dynamics more naturally than
most of its competitors and did an equally
good job of reproducing bass guitar, syn-
thesizer, piano, and bass viol. Organ notes
were well defined, with minimal blurring
and little tendency to compress the organ’s
dynamic range.

I could hear some transition problems in
the lower midrange that went beyond a
touch of warmth. Although the woofer’s
sound blended well with the ribbon’s, the
blend was not as seamless as in some far
more expensive hybrids. Because those
speakers have larger ribbons or electrostatic
panels, their crossover frequencies can be
low enough to be nearly unnoticeable. (To
make the crossover truly inaudible, it would
have to be at 90 Hz or lower.) A lot of the
coloration could be minimized by slightly
altering toe-in, slightly adjusting the speak-
er’s distance from the wall behind it, and
changing the setting of the switch on the
speaker’s rear.
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The Slant 6’s ribbon does not cover the
entire midrange, as the ribbon of Apogee’s
Studio Grand ($13,000/pair) does. I found
the Slant 6 had a bit too much upper-mid-
range energy and life above 1 kHz, which
sometimes gave it a slightly forward sound-
stage perspective. To compensate, this
speaker offered the exceptional midrange
transparency, detail, and speed above 1 kHz
of the best ribbons and electrostatics. It had
a great deal of upper-octave life and energy,
without hardness. There were no significant
rough spots. When I moved my head a bit, |
heard no sudden shifts in imaging or treble
energy. The treble and soundstaging were
surprisingly stable over a relatively wide
horizontal listening area. You could proba-
bly fit two or three listeners into the listen-
ing area at reasonable distances.

The Slant 6 had a slight rolloff in the top
octave, but this complements most record-
ings, especially digital recordings. I doubt
that even those audiophiles who are used to
far more expensive speakers will miss much
when listening to the Slant 6, provided their
ears are below the top of its ribbon driver.
(The Slant 6’s upper-octave energy seemed

to fall off sharply if I was standing or sitting
too high.)

The soundstage produced by the Slant 6
was large and open and had lots of depth.
At the same time, the image was of natural
size and had excellent stability and focus.
This speaker was about as good as Apogee’s
Mini Grand in its ability to reproduce
soundstage depth, soundstage width, and
ambience. And it did so even with complex
classical music recordings, such as the LP of
the Drottningholms Barokensemble’s Barock
(Proprius 7761), which has a very complex
mix of tenor voice and strings and a lot of
depth and space. One CD passage was espe-
cially revealing of the Slant 6’s strengths,
the seventh and eighth minutes of the Dal-
las Symphony Orchestra on Shostakovich’s
Symphony No. 7 (Dorian DOR 90161).

The Slant 6 combined particularly good
depth reproduction with good back-to-
front imaging. Some speakers tend to do
better at left-to-right than front-to-back
imaging; others tend to shift instruments
away from the center and cluster them near
the left and right speakers. The Slant 6 was
scarcely perfect in these respects, but its

ACROTEC

Shown ACROTEC 6N-A2050 and 6N-A2010

performance was competitive with any-
thing I have heard in its price range.

The Slant 6 needs an amplifier that pro-
duces far more than 50 watts per channel
and one that is load-tolerant. ] would not
recommend using a solid-state amp that
doesn’t have considerable current as well as
voltage capability or a tube amp that has
trouble delivering deep-bass power or con-
trolling woofers.

This speaker is not particularly cable-
sensitive. Symo cable seemed to work best
with the Slant 6, but a variety of Audio-
Quest, Discovery, and Wireworld cables
performed very well. Goertz cable did less
well, and I'd be particularly careful of
speaker cables that have trick terminators.

Auditioning the Apogee Acoustics Slant 6
reminded me that very good ribbon drivers
are available in very affordable hybrid pack-
ages. This speaker brought musical pleasure
and life to a wide range of recordings, and
its trade-offs were always musically natural,
regardless of the instruments or voices be-
ing reproduced. 1ts sound was outstanding,
in one of the most competitive price ranges
in high-end audio.

SIX NINES FOR
SUBLIME SOUND

99.99997%. Remember that
figure—it can do wonders for your

sound. It's the purity of the copper

in the world’s finest audio cables.

A figure that translates directly

into ultimate sonic purity. Don’t

compromise your system'’s
performance, use ACROTIEC
Stressfree 6N Copper Reference

Cables—the purest on the planet.




ADVERTISEMENT

LISTEN AND LEARN

Stereo Review

and Chesky Records
Introduce The Gold
Stereo And Surround
Sound Set-Up Disc

(Vtereo Review and cutting-edge audiophile label

_JChesky Records have produced a most entertaining and
informative set-up disc. This jam-packed (76+minutes)
gold CD runs the gamul from basics like speaker channel ID
and phasing tests, o fun stuff like The Wandering
Audiophile, which clearly demonstrates how low frequencies
are distributed throughout your listening room, and The
Clap Test, that just might be the first step to improving your
room’s acouslics. And you won’t even have to reach for your
bifocals to read the CD booklet—an announcer talks you
through all of the tests and demos. You're free to settle back
into your comfy chair while you listen and learn.

Chesky Records’ Producer Steve Guttenberg and
Writer/Technical Consultant Anthony Chiarella joined forces
with Stereo Review's Technical Editor David Ranada to create
this must-have Set-Up Disc. Utilizing test tones developed
by David Ranada, the primary goal was to make this disc as
easy to use as possible, and to fashion a tool that could
effectively improve the performance of most Stereo or 1lome
Theater systems. Mission accomplished!

The Subwoofer Set-Up tracks will improve the integration
and blending of subwoofers with your main stereo speakers;
the Shake, Rattle, And Roll test reveals the frequencies of
your listening room’s resonances; there's a section dedicated
to optimiz.ng stereo speaker set-up; you'll be amazed by
the three-dimensional acoustics of the Imaging And
Soundstage demo; and for Home Theater fans, there are
a battery of Dolby Pro Logic™ surround sound tests. This
Gold CD also features a generous sampling from Chesky's
latest releases, which serve as musical illustrations for
each test. Tracks include new music from Chesky's women
of song, Rebecca Pidgeon, Sara K, & Ana Caram; Jazz

Stereo Review

* CHESKY ¢ RECORDS

legends Oregon and Paquito D'Rivera; guitar virtuosos Badi
Assad and Carlos Heredia; a dash of Mozart; some lovely
music from the Westminster Choir; even a “Theater Without
Pictures” piece from lgor Stravinsky's “The Soldier’s Tale”.

There's also a track from Chesky’s trailblazing New Age/
World Music group 1 Ching's new CD, “Of The Marsh And
The Moon”. This CD was recorded with a new process
dubbed “Natural Surround Sound”. Unlike other surround
sound systems which require a decoder and four or more
speakers, “Natural Surround Sound” is 100% compatible to
any conventional two-channel, two speaker sterco system.
Remarkably, this process eliminates “magic” boxes
or processing of any kind in the recording chain, or even in
post-production. As you listen to the 1 Ching track, you'll
hear ambient sounds well in front of the plane of the stereo
speakers! Truly an out of this world music experience!

The Stereo Review and Chesky Records
Gold Stereo And Surround Sound Set-Up Disc
is now available lo Stereo Review readers
for only $9.98
(plus $2.00 shipping and handling).

To order. please call 1-800-294-5894,
operators are standing by

24 hours a day, 7 days a week...
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WADIA 27
D/A CONVERTER

t’s hard to get a good perspective
on an audio component with

the technology and price of the

Wadia 27 Decoding Computer.

What do you get from a D/A

converter costing $8,450 that
you don’t get from less expensive
models?

For one thing, the Wadia 27 pos-
sesses outstanding technology and
specifications, a wide range of useful
features, construction quality and
styling that belong in the Museum of
Modern Art, and superb sound. Ex-
pensive as it may be, it meets every
test relating to value for money I can
think of. Furthermore, the Wadia 27
can be used as a digital preamp, en-

Company Address: Wadia Dig-
ital, 624 Troy St., River Falls,
Wisc. 54022; 715/426-5900.

For literature, circle No.98

abling you to eliminate the col-
oration inevitable in the use of a sep-
arate preamp and extra intercon-
nects. The features that make this
possible begin with six digital inputs
(one AES/EBU input with an XLR
connector, two coaxial inputs with
BNC connectors, two ST optical in-
puts, and one Toslink optical input)
and versatile analog outputs (the
balanced XLR and unbalanced RCA
outputs can be used simultaneously,
and internal switches can set the au-
dio output voltage to suit your pre-
amp). Equally important are the Wa-
dia’s digital volume and balance
controls, which are free of any appar-
ent coloration. You can even use the
Wadia 27 to control a system con-
taining both digital and analog
sources, by adding the Wadia 17 A/D
converter.

The Wadia 27’s front panel has no
buttons or controls, just an alphanu-
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meric display that indicates control
settings. Operation is handled by the
remote control, which you can use to
vary volume in steps of 0.5 dB and
channel balance in 0.1-dB steps. It
also has muting and absolute-polari-
ty buttons and can be used with any
Teac-based Wadia CD transport.

The Wadia delivers 24-bit digital
processing by way of two Motorola
56000 DSP chips, and 22-bit digital
resolution and throughput via eight
Burr-Brown 1702 DACs in full-dif-
ferential mode. These chips are all
surface-mounted; Wadia feels this
improves performance because of
the shorter lead lengths and reduced
number of internal connections.
Like most Wadia products, the 27 is
easily upgradable: The ROM con-
trolling its software-based digital fil-
tering is socketed for easy replace-
ment, each of its six circuit boards is
devoted to one specific function and
is removable, and the rear panel is
modular. This upgrade capability,
which includes the possibility of
sampling rates up to 96 kHz, may be
of great value if the industry ever
moves to a CD technology more ad-
vanced than today’s system.

The Wadia 27 has full 64-times
oversampling, accomplished by
performing 16-times Spline resam-
pling in the Motorola chips and
four-times first-order LaGrangian
resampling in dedicated chips. Be-
cause a single DAC chip can’t handle
2,822,400 samples per second (64
times CD’s 44,100), the resampling
chips feed each channel’s four DAC
chips sequentially, 705,600 samples
at a time. The Wadia 27 has a propri-
etary jitter-reduction circuit called
RockLok. The output stage uses sur-
face-mounted Burr-Brown OPA642
current-to-voltage converters and
Burr-Brown BUF634P output buff-
ers. The circuits are on four- and six-
layer boards with integral ground
planes. The power supply uses dual
toroidal transformers, 36 individual
stages of regulation (plus a four-
stage, 60-watt preregulator), and
more than 30,000 microfarads of fil-
tering and energy storage.




The cabinet is fairly compact (44 inches
high, 17 inches wide, and 16 inches deep).
However, it weighs 32 pounds because of its
thick chassis panels, which double as heat
sinks, and because the transformers are on
a subchassis that isolates them electrically,
mechanically, and acoustically.

Even though I’ve heard more D/A con-
verters than is good for my psyche, I can’t
say how the Wadia (or any other top D/A)
sounds in comparison to all its competitors.
I have not heard even a quarter of the con-
tenders in the $3,000+ range, but I did
compare the Wadia 27 with the $15,950
Mark Levinson No. 30.5 and the $5,595
Theta Digital DS Pro Generation V-a Bal-
anced, two of the finest-sounding convert-
ers I have heard.

Listening comparisons with even a few
top-quality D/A converters are anything
but easy to conduct.
Even if you match the
converters’ output
levels within a frac-
tion of a dB, the
sound characteristics
of the reference sys-
tem and reom inter-
actions introduce ex-
traneous colorations.
Further, some CDs sound better with some
D/A converters than with others, in ways
that are atypical of CDs in general.

I tried to get around these problems by
using CDs from many labels, using several
different transports (principally the Mark
Levinson No. 31.5), and using three differ-
ent audio systems in different listening
rooms. Such listening showed me that
many of the sonic nuances that distinguish
one D/A converter from another in one sys-
tem and room are not repeatable in other
systems and rooms. There are audible inter-
actions between the converter, the rest of
the system, and the room. The most impor-
tant diffefences were audible in all three
rooms.

That sald, my listening experience con-
vinced me that the Wadia 27 will likely be a
top performer in any system. lts timbre was
consistenily accurate in reproducing my
reference CDs and DATSs that contain natur-
al acoustic performances of classical music,
jazz, solo voice, and solo instruments.

There are more euphonic D/A converters
than the Wadia 27, and it may not have the

THE WADIA 27
HAS OUTSTANDING SPECS
AND TECHNOLOGY,

ART-MUSEUM STYLING,
AND SUPERB SOUND.

warmth or slightly softened treble of some
top-of-the line models that use vacuum
tubes in their output stages. On the other
hand, the Wadia 27’s rendition of the over-
all timbre of strings, woodwinds, brass, per-
cussion, and voice was simply as “right” in
reproducing what was on the original CD
or DAT as that of any D/A converter I've en-
countered. Although you can fully appreci-
ate the Wadia 27’s timbral accuracy only by
listening to a wide range of music, the in-
strumentals and vocals on Alan Parsons’
and Stephen Court’s Sound Check (Mobile
Fidelity SPCD 015) provide a good starting
point for understanding why 1 praise the
Wadia’s musical realism and accuracy.

The only D/A converter I have heard that
produces a slightly more natural timbre on
some CDs is the Levinson 30.5, which costs
nearly twice as much as the Wadia 27. The
Levinson’s midrange
sounded a bit more
natural on strings
and piano, although
it may not have been
quite as realistic as
the Wadia in the bass.
The Theta unit also
had a musically nat-
ural timbre but slight-
ly more upper-octave energy than I believe
was actually in the recordings.

The Wadia’s transients and dynamic re-
sponse were excellent and musically natur-
al. The Wadia resolved low-level detail,
complex musical passages, and complex
musical harmonics without any artificial
hardness or spotlighting of detail. This high
resolution also gave the Wadia an unusual
ability to reveal sonic differences between
CD transports and various types of CD
mastering without adding significant col-
orations of its own.

I would rank the Levinson 30.5 as slight-
ly superior in sheer resolving power, partic-
ularly with very low-level musical passages
and old CDs. However, the Levinson’s dy-
namic transients seemed a bit soft, and the
match between dynamics and timbre was
better with the Wadia. The Theta’s dynam-
ics and detail also matched its timbre, but a
touch of synergistic coloration made its
performance seem closer to the instru-
ments than was entirely natural.

There were some interesting differences
among the three D/A converters in specific
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areas of the frequency spectrum and in
soundstage performance. The Theta had
the most bass dynamics and energy, the
Levinson had the most bass definition and
tightness, and the Wadia struck a balance
between them (although its sound was clos-
er to that of the Levinson). These differ-
ences in the bass emerged clearly in Eiji
Oue’s recording of several Stravinsky pieces
(Reference Recordings RR-70), in Jacques
Loussier Plays Bach (Telarc CD-83411), and
in the National Philharmonic Recording of
The Mysterious Film World of Bernard Herr-
mann (Mobile Fidelity UDCD 692). I admit
that these bass differences had limited over-
all musical significance, but they were more
immediately apparent than other sonic dif-
ferences between converters. (I suspect
these differences in bass energy and defini-
tion may explain why some reviewers refer
to one converter as doing more to preserve
the beat or rhythm of the music than an-
other. A D/A converter cannot introduce
meaningful timing errors in the bass beat,
but the “beat” may seem stronger if the bass
sounds louder or more dynamic.)

The differences in the midrange and tre-
ble related more to the reproduction of dy-
namic contrasts than to differences in fre-
quency response or timbre. The midrange
timbres of the Wadia 27 and Levinson 30.5
were almost the same, but the dynamic
contrasts in the Wadia were a little sharper.
The apparent midrange response of the
Theta Generation V tilted just slightly to-
ward the high end, and dynamic contrasts
were sharper than in the other two units.

In the treble region, there were no strik-
ing differences among the converters in en-
ergy or extension. All three had excellent air
and harmonic definition in the top octaves,
although the Levinson seemed to have
slightly cleaner harmonic detail and the
Theta had a touch more apparent treble.

All three units reproduced an excellent
soundstage, but the apparent soundstage of
the Theta was a bit more forward than that
of the other two units. The Levinson’s
soundstage was more mid-hall, and the Wa-
dia’s was just a bit forward of that. All of the
D/A converters presented excellent width
and depth, but the Levinson and Wadia
portrayed a bit more depth than the Theta.
Soundstage detail, ambient information,
and imaging were very good with all three,
but the Levinson had a trace more sound-



stage detail than the other two. Interesting-
ly, my son—who is no fan of either classical
music or listening comparisons—picked
this difference out consistently in blind
comparisons using fairly ordinary record-
ings (such as the Haydn trumpet concerto
on L’Oiseau-Lyre 417610).

Performance did vary according to the
type of CD I played, but not always in the
ways | would have predicted. Somewhat to
my surprise, I did not notice any consistent
change in the three converters’ sonic char-
acteristics when I played CDs labeled “20-
bit” or discs made with advanced mastering
technologies like Sony’s SBM or JVC’s
XRCD. Although some CDs did sound
cleaner than others, their recording and
production values shaped sound quality far
more than any specific recording process or
D/A converter did. The “techno-hype” on
the CD’s cover rarely correlated with how
good the recording really was.

The Wadia 27 does not have HDCD de-
coding. But prolonged listening to HDCD
recordings through the Wadia and through
the Levinson and the Theta in their HDCD
modes convinced me that the Wadia’s lack
of this circuit was no drawback. It also con-
vinced me that HDCD is largely a waste of
time. I have been impressed by the overall
quality of recent HDCD recordings and of
the filter used in HDCD decoding, but play-
ing HDCD discs through the Levinson and
Theta did not reveal any musical informa-
tion that [ could not hear from the Wadia. |
also detected no musical detail on HDCD
recordings that was not available, and just
as musically convincing, on many top CDs
without HDCD encoding.

It was interesting to use the three D/A
converters to listen to the same recordings
with and without HDCD. These compar-
isons are available on HDCD Sampler 2
(Reference Recordings RR-905CD) and
Doug MacLeod’s You Can’t Take My Blues
(AudioQuest AQ 1041). Even though the
Wadia 27 does not provide HDCD decod-
ing, the HDCD-encoded tracks on the Ref-
erence Recordings disc still sounded better
than the tracks mastered with Sony’s 1630
and KOJ-701ES A/D converters—possibly
reflecting the fact that neither the 1630 nor
the KOJ-701ES is a state-of-the-art convert-
er. In contrast, the non-HDCD passages on
the Doug MacLeod album sounded better
than the HDCD-encoded passages. This

held true with the Wadia, the Levinson, and
the Theta. Apparent dynamic range and
soundstage detail were slightly better with-
out HDCD via all three converters, and the
upper midrange seemed more harmonic
and natural. In fact, the recordings made
using the Apogee A/D 1000-20 Super En-
coding System sounded as superior to those
made with the HDCD encoding system as
the HDCD-encoded tracks seemed to those
made with the Sony 1630 and KOJ-701ES.
And none of these recordings, incidentally,
approached the transparency and musical
integrity of the best true 18- and 20-bit
recordings I have heard.

I also compared the sound of the Wadia
to that of top mid-priced D/A converters
from Adcom, Audio Alchemy, and PS Au-
dio. On many types of music, the differ-
ences between it and the mid-priced units
were scarcely to die for. Today’s best mid-
priced D/A converters are very good in-
deed. And the differences I did hear again
depended on the recording and the associ-
ated components. However, there were
some sonic differences that were musically
significant when [ played really good
recordings on a really clean system.

Such differences in sound quality involve
the same diminishing returns you expect
when making an investment in any high-
end electronics. You do not get the kind of
sharp audible differences you do when you
compare top speakers with similar price
differences. What you do get is more har-
monic detail and natural harmonic integri-
ty—particularly with strings, piano, and
woodwinds—and a sweeter, more detailed

sound. Soundstage resolution is better, as is

the overall quality of left-to-right and back-
to-front imaging. Depth is as natural as the
recording permits, without the slight fore-
shortening or slight sense of echo common
to the less expensive units. Bass and dynam-
ic contrasts are better defined.

Yes, there are diminishing returns in pay-
ing thousands of dollars for a D/A convert-
er. However, the differences are important
enough for me to find that a converter like
the Wadia 27 is aesthetically competitive
with the best in analog sound, while mid-
priced converters are not. This is the name
of the game in high-end audio, and it gives
you the same justification for buying the
Wadia 27 that a different set of passions
does for buying a Rolex or a Mercedes. A
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THETA, continued from page 62

Theta’s DTS board sounded fine, although
I heard nothing in the DTS-encoded
laserdiscs or music CDs that suggested any
kind of sonic advantage over Dolby Digital.
(DTS CDs may someday be filed next to
dbx LPs in the Dumb-Ass Audiophile Ideas
warehouse. But if you want the option to
play whatever titles come out in the format,
Theta again has got you covered.)

Is the Casablanca perfect in every way?
Yes and no. In terms of sound quality and
movie surround processing, it’s far and
away the best I've heard. But I did not find
the music surround modes very interesting
or usable. [t's not that they’re whacked out,
like so many of the cheap 'n’ cheesy DSP
surround modes in typical A/V receivers,
but just the opposite. Being nothing more
than Robo-Hafler sum/difference circuits,
the Theta’s analog and digital matrix music
surround modes sound relatively dull and
just aren’t as sophisticated and awe-inspir-
ing as the Citation 7.0’s “6-Axis” mode or
the Meridian 565’s “Tri-Field” mode. Both
of these modes take a stereo music signal
and generate an intensely vibrant, always
appropriate, very natural surround presen-
tation. Yes, the Theta has an L + R center
channel and an L - R surround channel, but
to my ears they sounded dated and weird
on most of my CDs. Maybe these modes
would sound better with classical music
than with Hendrix, Coltrane, and Sebadoh.
As it was, | ignored the matrix modes and
used just Dolby Pro Logic for movies and
straight stereo for music. The Casablanca’s
startling sound quality in these modes
made it pretty easy to forgive its lack of cool
music surround capabilities.

That aside, the Theta Casablanca is an
undeniable success. Its combination of sim-
ple, intuitive setup and operation; stunning
Theta-grade digital sound quality in stereo,
Dolby Pro Logic, Dolby Digital, and DTS;
and an obsolescence-free design push it to
the front of the race for best surround pre-
amp on the market. If your main goal is
synthesized music surround from stereo
CDs, you will be happier with the Meridian
565 or the Citation 7.0. But you won’t get
better sound quality in stereo and Dolby
Digital/Pro Logic. And if the best is what
you're lusting after, the Theta Digital
Casablanca should be the beginning of a
beautiful relationship.
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The following are just some of the
fine audio/video dealers that sell
Audio Magazine:

Esoteric Audio
4120 N. Marshall Way
Scottsdale, AZ 85251

Pacific Audio & Alarm
2370 E. Orange Thorpe Ave.
Anaheim, CA 92806

Sound Tech/Los Gatos
15330 Los Gatos Blvd.
Los Gatos, CA 95032

Stereo Plus
2201 Market Street
San Francisco, CA 941 14

Jack Hanna Audio/Video
6130 Pacific Ave.
Stockton, CA 95207

Sound Eye
1317 Sartori Ave.
Torrance, CA 90501

Westside Int'l News Inc.
| 1949 Wilshire Blvd.
W. Los Angeles, CA 90025

Durango Music Co.
902 Main Ave.
Durango, CO 81301

Video 7 West
22 Kneen Street
Shelton, CT 06494

Sounds Exclusive/Hanks
757 N. Montrose Street
Clermont, FL 34712

Bob’s News & Books
1515 Andrews Ave.
Fort Lauderdale, FL 33316

Audiomasters
102 Lafayette Street
Anma, IL 62906

Sounds Designs
808 Coldwater Road
Murray, KY 42071

Goodwins Audio
870 Commonwelth Ave,
Boston, MA 02210

New Horizon Books
20757 13 Mile Road
Roseville, Ml 48066

Audio-Video Alternatives
4526 N.Woodward Avenue
Royal Oak, Ml 48073

Sound Advice Inc.
3348 Niles Road
St. Joseph, Ml 49085

Matlack Communications
2866 Foxwood Drive
Marylane Hts, MO 63043

Harvey's Stereo
2646 South Glenstone Ave.
Springfield, MO 65804

Pro Audio
1630 Country Club Plaza
St. Charles, MO 63303

Audio Visions
136 Main Street
Kalispell, MT 59901

Sound System
320! State Route 27
Franklin Park, NJ 08823

Mario’s Sound Room
176 Franklin Ave.
Franklin Square, NY 11010

Sound Concept Inc.
264 East Route 59
Nanuet, NY 10954

Dalbec Audio Lab
51 King Street
Troy, NY 12180

Audio Encounters
4271 W. Dublin Granwvill
Dublin. OH 43017

Sound Station
601 SE Frank Phillips Bivd.
Bartlesville, OK 74003

Sound Service
62| North Main Street
Guymon, OK 73942

David Lewis Audio
9010 Bustleton Ave
Philadelphia, PA 19152

Stereo Shoppe
900 Washington Bivd.
Williamsport, PA 17701

Sound Decision
3727 Franklin Road
Roanoke, VA 24014

Sound Stage
5900 N. Point Washington Rd.
Milwaukee, WI 53217



| want a home theater but, | don't
want speakers all over the place,
what can | do?

There are many customers that
believe floor standing speakers are not
esthetically appealing and can be an
intrusion on your living space.
Fortunately there is a solution, they are
called architectural (in-wall) speakers. They mount
in the walls and ceilings of your home
and are less obvious than air vents and smoke
detectors. They perform just as well and many
times better than floor standing speakers and they
can be painted or wallpapered to match your
home’s decor. | recommend using speakers that
come with pivoting tweeters, they let you aim the
sound toward your listening area (great feature
for rear channel use). Adjustable bass and treble is

gllq a rtﬂly im.porta,np £eatu|a. it allows you to

SYSTEMS

When you’ve got questions about Audio and Video,

see a specialist

i

Presented by

Should | consider custom installation?

If you are remodeling or building a
home you should consider working
with an A/V specialist that coffers
custom installation. Today’s “multi-room”
options can be as sophisticated as
controlling every aspect of your audio/video
system from anywhere in the house, or as simple
as adding spealers in another room. Having your
local specialist pre-wire your home, preferably
before the drywall stage, will be the most cost
effective and will allow music to follow you from
room to rcom. Experienced custom installers will
work wizh you and can overcome the obstacles
of running wires, and installing speakers and

controllers in existing walls. Most will tailor their
Fnlﬂmmﬂmﬁu to yaur exact needs and

Each month, Audio Magazine's feature “See a Specialist” showcases the finest audio/video dealers from across the country. The dealers,
chosen as a resulc of recommendations from equipment manufacturers, Audio Magazine staff and industry organizations, exemplify the best
audio/video dealers from New York to California. The chosen dealers offer solutions to problems that can best be handled by a specialty

audio/video retailer.

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

B
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Bach: The Well-Tempered
Clavier, Part |
Valery Afanassiev, piano
DENON CO-78834-35
Two CDs; DDD; 138:20
Sound: A, Performance: A

he equal-temperament

system has been around

for so long that most of

us have never heard any-

thing else. Yet in Johann

Sebastian Bach’s day, the
subject of temperament—different
methods of dividing the octave—
was still controversial. Many musi-
cians still adhered to the richness of
the pure intervals produced by the
older tuning systems. The problem
with these older systems was that
they were limited to only a few keys
(C major, G major, F major), and
playing in remote keys (D-flat ma-
jor, G-sharp minor, F-sharp major)
resulted in music that was horribly
out of tune.

SAGON A

Brilliant composers such as Bach
were not about to limit themselves to
only a few keys. Therefore he advo-
cated the “equal-tempered” tuning
system, whereby an octave is divided
into 12 equal parts. This was an
acoustical compromise. Although
the pure intervals of the older tuning
systems would be unavailable, equal
temperament would enable com-

}
'; i
Roméo et Juliette
Olga Borodina, mezze-stprano;
Thomas Moser, tenor; Alasghir Miles;
basst Bavarian Radio Choir;
Vienpfa Philharmonic, Colin Davis
PHILIPS 442 134
Two CDs; DDD; 1:36:19
Sgund: A, Performance: A

f all the world’s outstanding
conductors, none has more sterling
credentials for conducting Berlioz
than Sir Colin Davis. This recording
is everything one Wight reasonably

AUDIO/APRIL 1997

76

posers to write in remote keys; for
Bach, this flexibility was well worth
the compromise.

As if to champion equal tempera-
ment, Bach composed a set of 24
preludes and fugues—one in each of
the 12 major and 12 minor keys—
that he called The Well-Tempered
Clavier. Bach used this first part,
which he finished in 1722, in the ed-
ucation of his sons. He carefully
wrote out a copy each for two of
them, Wilhelm Friedemann and Carl
Philipp Emanuel; these copies still
exist today. (Bach finished another
set of 24 preludes and fugues in
1744, completing The Well-Tem-
pered Clavier as we know it.)

For almost two centuries, these
pieces have been staples for young pi-
anists. The artist of this recording,

Valery Afanassiev, knew all of them by éo
heart before he entered the Moscow ";’
Conservatory. Each prelude and §
fugue presents a different aspect of =
Bach, and The Well-Tempered Clavier S:’
has become a milestone in musical §
thought. As Albert Schweitzer, the =

eminent organist and Bach scholar,
put it, “It is not as though we enjoy
The Well-Tempered Clavier as much
as we are edified by it.”

Although Bach originally com-
posed the work for the clavichord
(and it is often performed on the
harpsichord), this Denon recording
of a modern piano is extremely ef-
playing is
thoughtful and sensitive, maintain-

fective. Afanassiev’s

ing a critical balance between the
cerebral and the romantic. It is inter-

i

| !
hope fop4n a Ravis performance in
asy mygical capital of the world—

7 théugh the distinctively ripe beauty

=

| of the Vienna Phil-
harmonic is not
likely to be dupli-
cated elsewhere.
Still, the slick inter-
nationalism leaves
one hankering after
something a little fresher and a little
more idiomatically French. But nev-
er mind; it’s a fine job musically and
sonically. Robert Long
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IF IT'S MUUSIC WORTH LISTENING TO, IT'S WORTH MOBILE FIDELITY.

For 20 years, Mobile Fidelity has been providing audiophiles and music enthusiasts with the ulimate listening
experience. Jur Ultradisc 11 ™ 24-karat gold CD brings you the warmth and sweetness of analog with the realism
of live musie. By starting with the original master tapes and our proprietary mastering technology,
The GAIN System™, we have become the leader in creating the most sonically accurate audio
software in ‘he world. You'll hear our difference; and, every beautiful nuance of the original recording. 1f it's
worth listening to, it’s worth listening to Mlobile Fidelity!

ULEZADIICH] The Original 24-kt Gold Audiophile Compact Disc.
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To receive a color catalog or The GAIN System™ technical paper, call 800-423-5759.
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“l can’t name a single interconnect
at i’s price point that can begin to
challenge the overall performance of
the PBJ, a more amazing fact is that
[ can’t name a single interconnect at
any price that [ know can best it.”

The Audio Observatory
Volume Il # [V

Now available
with

WBT

CONNECTORS

KIMBER KABLE
2752 5. 1900 W, Ocpen, UT 84401

801-621- 5530 Fax 801- 627-6960
WWW.KIMBER.COM
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Orchestral Works
Catherine Dubosc, soprano;
Orchestra Symphonique

". \ et Lyrique de Nancy,
}‘ | ] Jérome Kaltenbach

/1] MARCO POLO 8.223768
{ DDD; 59:17

Sound: B, Performance: A

]l}.l Manual Rosenthal is remem-
i | | bered primarily as the arranger
{ of “Gaité Parisienne” from bits of
\ & Jacques Offenbach’s operettas.
\ He also was well established as a
J ‘r) ,-‘f conductor. But here he is repre-

({11l | sented as a com-
1 |||" poser. There are
\\\\ I|\ two orchestral

})J” suites—“Les pe-
////]{ tits métiers,” a
musical charac-
terization of Pa-
1\ risian tradesmen, and “Musique
/] l [ 1 de table,” an eight-course musi-
] ', / | cal repast—plus three brief song
]‘ ‘ ( cycles with orchestra.

MANUAL RO SE

IE |

A student of Maurice Ravel | | ,;)]
and obviously influenced by him,

Rosenthal’s music nonetheless “r
contains passages that bear a -_‘ \|
closer relationship to his nearer § |\
contemporaries, notably Jacques | | |
Ibert and Francis Poulenc. The {/
songs may remind you of Ravel’s ((| “ |
Shéhérazade, but the ebullient | \\1\\}

some of the orchestral move- | | ]
