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“Definitive’s new BP2000 absolutely kills most
more-expensive speakers!”

~Brent Butterworth, Home Theater Technology




Definitive’s New
BP2000 Brings

You the Ulti

mate

Listening

erience!

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

“Frankly, if circumstances
allowed, I would choose

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

Speaker of the Decade

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

Both music and movies are
reproduced with unequalled purity,
transparency and lifelike realism.
And the astounding high resolution
imaging and awesome bass impact
totally envelop you in sonic ecstacy.
They are an amazing achievement!

is the perfect choice for ultimate music and movie performance.
CIRCLE NO. 10 ON READER SERVICE CARD

—Julian Hirsch, Stereo Review
The Ultimate Home Theater

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

The complete system combines the
BP2000s ($1499 ea)) with a C/L/R 2000
center (3650 ea) and BPX bipolar sur-
rounds (from $399 ea)). Of course, dual
15" powered subwoofers are already
built into the sleek BP2000 towers.
Truly the ultimate listening experience!
Visit your Definitive dealer today.

Definitive Technology®

The Leader in High-Performance Loudspeakers

11105 Valley Hs. Dr. » Baltimore, MD 21117 + (410) 363-7148

Visit us at huip/www.soundsite.com/definitive.
See our dealer list on page 42



APRIL 1996 VOL. 80, NO. 4’
Golden Sound
Cones, page 96

FEATURE

DIGITAL DELIVERANCE: NOISE SHAPING, HDCD,

Yamaha AND OTHER ALTERNATIVES D. W. Fostle . . . ............. 26
AC-3 Decoder,
Citation , EQUIPMENT PROFILES
A/ : P'e‘“:p‘ Processor, HARMAN KARDON CITATION 7.0
and Y b: A/V PREAMP/PROCESSOR Edward J. Foster . . . . . . . ... ... 36
A/V Reggiver HAFLER TRANS-NOVA 9505 AMPLIFIER Bascom H. King. . . . . 44
. : NSM 10S SPEAKER D. B. Keele, Jr.. .. ......coouvoono ... 50
3 YAMAHA RX-V2090 A/V RECEIVER
y AND DDP-1 AC-3 DECODER Edward J. Foster . . .......... 58
\URICLES
THETA DIGITAL DATA Il CD TRANSPORT AND DS PRO
GENERATION V-a D/A CONVERTER A. H. Cordesman ... ... 70
NuREALITY VIVID 3D THEATER SRS PROCESSOR . Sunier. . . . . . 74
DEPARTMENTS PLAYBACK
FAST FORE-WORD Michael Riggs . . . . . . . 4 AUDIO ADVISOR ELFIX AC POLARITY TESTER,
LETTERS/ERRATUM . ................ 6 AUDIO BY VAN ALSTINE QXMEGA Il 440hc
WHAT'S NEW . .. ... 9 AMP AND FET VALVE EC PREAMP, AND
AUDIOCLINIC Joseph Giovanelli . . . . . . . 12 GOLDEN SOUND DH CONES ... ... ... 96
MONDO AUDIO Ken Kessler ......... 16
SPECTRUM Ivan Berger . ............ 20 » Theta Digital
CD Transport and
RECORDINGS D/A Converter
CLASSICAL . ... 78 s
RO POP . . e i v v s v dtans 82 | i

JAZZ &BLUES .................... 86

NSM
Speaker,
page 60

Cover Photographer: Bill Kouirinis Studio

Cover Equipment: Yamaha DDP-1 AC-3 decoder,
Harman Kardon Citation 7.0 A/V preamp/processor,
and Yamaha RX-V2090 A/V receiver

Audio Publishing, Editorial, and Advertising Offices,
1633 Broadway, New York, N.Y. 10019

Subscription Inquiries: o=}
Phone, 303/604-1464; fax, 303/604-7455 gl




Adcom’ GFP-565 Preamp:

Pureand Simple.
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In Search of Sonic Perfection, Adcom
Took the Path of Least Resistance

The fewer circuits a musical signal encounters on its
way to your loudspeaker system, the greater its muscial
purity will be. Now, through obsessive attention to detail
and design ingenuity, Adcom has created the GFP-565 —
the world’s first affordable preamplifier with direct, linear
gain path circuitry. By combining the GFP-565 with any
of Adcom's power amplifiers, you can experience the
exceptionally lifelike sound which has astonished even
the most demanding critics.

From Input to Output,
the Signal Path 1s
as Direct, Pure and
Simple as Possible

By gold plating all input and output jacks, and then directly
mounting all jacks, switches, potentiometers and other laboratory
grade components on a double copper-plated, glass epoxy printed
circuit board, signal losses and noise are dramatically reduced.

Three Sets of Outputs for the Perfect
Balance of Performance and Flexibility

You can use one or more sets of outputs: 1) BYPASS -
direct-coupled before tone controls, filters, etc. for the most
direct path to your power amplifier while retaining control
of volume and balance. 2) LAB - direct-coupled with no
output-coupling capacitors yet with tone, filter and loudness
controls. 3) NORMAL - same as LAB but with highest
quality output capacitors for use with amplifiers needing
the extra protection of ultra-low-frequency roll-off.

Bi-amped and tri-amped systems are easily
accommodated by this flexible arrangement.

Pure Convenience

The minimalist aesthetics of the GFP-565 are
deceptive in their simplicity. Without being overly
complicated to use, this preamplifier is able to integrate
and control all of the components in the most sophisticated
of music systems. There are five high-level inputs as well
as a phono input. A separate front-panel switch allows the
use of an external processor, only when needed, leaving
both tape circuits free. And, of course, you may listen to
one input while recording from another.

More Sound, Less Money

Adcom stereo components have a reputation for
sounding superior to others costing two and three times
more. Keeping faith with this tradition, Adcom took the
path of least resistance. Why not do the same? Ask your
authorized Adcom dealer for a demonstration of this
remarkable stereo preamplifier. Please write or call for a
fully detailed brochure. You'll discover the best value in

high performance R
preamplifiers.

Pure and

simple.

details you can hear

® 1995 ADCOM

11 Elkins Road, East Brunswick, NJ 08816 U.S.A. (908) 390-1130 Distributed in Canada by PRO ACOUSTICS INC. Pointe Claire, Quebec HIR 4X5
CIRCLE NO. 1 ON READER SERVICE CARD



Y38 FORE-WORD

very once in a while the audio
business serves up a real head-
scratcher—something that
manages to provoke a lot of
interest or controversy without,
on careful examination, actually
amounting to much. The most
prominent recent examples I can think
of are the alleged consumer version of
the DTS multichannel audio coding
system (I say “alleged” because it gets
talked up relentlessly in some quarters
without ever materializing in products
people can buy and use) and HDCD.
Both have seemed from the beginning
to be solutions in search of problems.
HDCD, which gets close scrutiny
this issue in “Digital Deliverance”
(page 26), does have a leg up relative to
DTS because it is a real product. There
are a handful of HDCD recordings on
the market, and a growing number of
outboard D/A converters and high-
end CD players either incorporate the
HDCD decoder or make it available as
an option. But what does HDCD do—
and why? Considering how much
attention the process has received, it’s
been astonishingly hard to get answers
to those questions. HDCD’s developer,
Pacific Microsonics, will tell you that it
eliminates distortions present in
conventional digital audio, that there’s
a compander in the system, and that
decoder operations are regulated by
control codes buried in the dither
noise. Beyond that, it gets pretty
murky. It’s not even clear what the
distortions that supposedly are
eliminated might be. Promotion of
HDCD rides on the back of the idea
that there is something basically wrong
with digital audio as we know it, which
some audiophiles and writers now
seem to take as an article of faith.
(This attitude also fueled some of
the early, effusive press on Super Bit

Mapping, which was often treated

like some sort of magical sonic elixir
rather than, accurately but mundanely,
a potentially useful technical
development in requantization of
digital recordings possessing
exceptional dynamic range.)

The HDCD recordings I've heard
have sounded good when decoded but
no better than other good recordings
made without the process. They sound
different when undecoded, which
makes sense given that HDCD is
supposed to be (ideally) an
encode/decode process. That
difference is pretty much by definition
a distortion, however. And therein lies
HDCD’s most troubling aspect. It’s
a bit like somebody throwing a rock
through your front window and then
offering to repair the damage for a fee.
The system is compatible with
conventional CD equipment only in
the sense that you can still get passable
sound from HDCD releases on
non-HDCD players. But if you don’t
have an HDCD decoder, no HDCD
recording will ever have a chance of
sounding the way it’s really supposed
to on your system. In the absence of
a clear, compelling benefit, is that
something we really want?

1 don’t doubt the sincerity of the
folks at Pacific Microsonics or their
belief in the system they’ve created.
But I think that HDCD, as it stands
now, demands too much for too little
return.

Iy
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More Than
Just Cable!

Why hook up your audio system with “just cable?”
Try MiTerminator™ products from MIT®* and hear what
you’ve been missing. Providing better bass, cleaner
midrange, more realistic imaging and smoother
highs, the MITerminator™ Series sets a new ievel of
performance that cable alone cannot equal.

At MIT® we've discovered that standard audio cables are not efficient ccn-
ductors of musical information, especially in the lower frequencies. Mo mat:er
how expensive the materials used, there are limitations that cable alore just
cannot overcome.

MIT's solution is the Terminator network. This patented technclogy was
designed to overcome the limitations of “just cable ™ mproving tonality and
signal efficiency, the Terminator delivers more of th2 music signal for better
sound and a more satisfying overall listening experiencs.

Try MITerminator™ interfaces
=~ ~&  inyour own s¥stam. Most MIT® retailers
\)".» offer a no-risk home tria program.
Call 916-888-0334 for the location of your
nearest authorized M|Terminatar™ deeler.
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Enhanced
Image
and Focus

MIT

MuUSIC

INTERFACE
TECHNOLOGIES™

3037 Grass Valley Highway

Auburn. CA 956C2

MIT products are
manufactured and soid
by CVTL, Inc.

Phone: 916-888-03¢€4
Fax: 916-888-07€3

Distributed in Canada by:
Aralex Acoustics at
(604) 528-8965



TheaterMaster Made Easier
Dear Editor:

Right after Edward J. Foster’s “Equip-
ment Profile” of the EAD TheaterMaster
Dolby AC-3 surround processor appeared
(March), we introduced the System Con-
troller. This touch-screen remote puts even
the most complex operation of the Theater-
Master, and almost all other infrared-oper-
ated home theater equipment, a single key-
stroke away. All operating modes and
setups of the TheaterMaster, our new The-
aterVision laserdisc player, and our about-
to-be-introduced SwitchMaster video
switcher are handled by this remote
through a series of 18 linked screens. Sim-
plified GUI (graphic user interface) tech-
niques guide the user through even the
most complex procedures.

Alastair Roxburgh

V.P, Engineering
Enlightened Audio Designs
Fairfield, Iowa

Kudos to Cordesman,
King, and Crew
Dear Editor:

Thanks to Anthony H. Cordesman’s in-
formative “Auricle” review of Vandersteen’s
3A speaker (June 1995), I auditioned and
later bought a pair. Their soundstage and
overall range, especially in the deep bass, is a
big improvement over my Dahlquist DQ-10s.

At first I was quite upset when the 3As
didn’t sound as good at home as they did in
my dealer’s demo room. | then reread the
Vandersteen review, noting Cordesman’s
mention of careful setup, a break-in period
of about 100 hours, and that his pair of 3As
was equipped with Sound Anchor braces. 1
bought the braces and, after installation,
heard a remarkable difference. The sound-
stage opened up, and the imaging improved
immensely.

I did find the Vandersteens to be less effi-
cient than the DQ-10s. Considering 1 was
driving them with a GAS Son of Ampzilla, |
thought more power was needed. After
reading Bascom H. King’s “Equipment Pro-
file” of the Legacy High-Current amp
(April 1995), I bought it along with Lega-

cy’s preamp. Although my Legacy amp/pre-
amp combo overshadows the 3As in price,
I'm quite happy with the sound.

Thanks again to Cordesman, King and
the rest of the staff for helping me assemble
my best system to date.

Jeffrey C. Dyer
Columbus, Ohio

Bad Connections
Dear Editor:

[ must take issue with Ken Kessler on the
subject of connectors (“Mondo Audio,”
January). The connectors used on audio
equipment are at least 50 years behind the
state of the art. As Kessler says, the only
suitable connector is the so-called XLR
Cannon, and that is because it was intended
for a battery box used with a movie camera.

Connectors | have used on military and
medical equipment were chosen because of
their utility, not because of custom or cost.
A suitable connector always has a hood to
protect the male pins, has a strain relief to
protect the wire-to-contact junction, and is
shaped to allow insertion only with the
proper mate and orientation. It should also
have a locking device to prevent accidental
removal. The contacts should be gold on
gold, mated at high pressure to force a cold
weld, or used above 24 volts.

Look at the connectors used on comput-
ers, telephones, cellular phones, automo-
biles, and professional equipment of any
sort. They are as safe and reliable as they
can be made. It is ridiculous to hook up
high-end equipment with RCA jacks and
banana plugs; they are just not reliable or
safe. And there still isn’t a standard speaker
connector!

Gilbert A. Johnson
Minnetonka, Minn.
Simj lutions
Dear Editor:

Several months ago, I bought a couple of
JBL Control One Plus speakers for the RCA
27-inch TV in my bedroom. Being lazy, |
just hooked these speakers to the TV’s
speaker jacks directly instead of feeding
them through an outboard power amp. Lo
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and behold, the TV cranks rather well, sans
external amp! My wife and grandchildren
can detect no distortion at really loud levels.
Last Thanksgiving, I put one of the JBLs
atop our small 13-inch TV in the kitchen
and got a similar result. Lots of folks are lis-
tening to their bad little TV speakers when
they can upgrade, via the earphone jack,
without going to the trouble of hooking up
a power amp. Sometimes less is better.
Along these same lines, my son mounted
a fine old JBL D123-4 12-inch speaker in an
Altec wall cabinet several years ago. He
stuffed it with fiberglass and sealed it up.
The result was a speaker that has become a
family legend. It’s the best-sounding single
speaker for vocals that any of my son’s co-
horts had ever heard. And it’s very efficient
in the bargain. This speaker system is too
big for most uses but remains the family
standard for testing out a source of audio.
Don Helgeson
Evanston, Ill.

We Can See for Myles
Dear Editor:

I was stunned recently by a bargain clas-
sical CD made with Sony’s Super Bit Map-
ping recording technique. Where can I find
information discussing the various labels’
recording techniques, as well as an educa-
tion on analog-to-digital and digital-to-
analog conversion?

Cliff Myles
Cleveland, Ohio

Editor’s Reply: Compiling individual record-
ing techniques of each label is difficult be-
cause they often vary, depending on the
artist and producer. However, we can recom-
mend our series by D. W. Fostle on the latest
CD mastering technologies (“19 Bits in a 16-
Bit Sack,” March, and “Digital Deliverance,”
this issue), which discusses Sony Super Bit
Mapping and other similar techniques.

A good reference for A/D and D/A con-
version is Ken C. Pohlmann’s book, The
Compact Disc Handbook (A-R Editions,
800/736-0070).—S.V.C.

Erratum

An incorrect company phone number
was given for JoLida in the “Equipment
Profile” of its S] 302A integrated amplifier
(March issue). The correct number for
JoLida is 301/953-2014.




Rotel’s RSP-980 provides Dolby® Pro Logic® and THX ®
certified surround-sound decoding, video switching, and
audiophile quality preamp functions for two independent zones.

>T¥ ST EM
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Building Blocks for Home Entertainment

Are you a bit daunted by the choices involved in putting
together a high performance yet affordable home entertainment
system? We have a suggestion for you — Rotel.

Since 1963, we've concentrated on one thing: Building the
finest, most cost-effective audio and audio/video components
available. Judging from the praise we've received from reviewers
and magazines around the world, we've done fairly well at it.

Consider, for example, our RMB-100 power amplifier. It’s a
single-chassis, monoblock amplifier, superbly compact in size and
elegant in style. But the real story behind this amplifier is its re-
markable power, clarity, and musicality.

An oversized toroid transformer increases efficiency and
minimizes noise. Slit foil capacitors enhance power supply speed
and purity. The unique dual complimentary differential input/
buffer stage (with balanced and unbalanced connectors) includes
remote turn-on to simplify system operation. The output stage
features matched pairs of MOSFET transistors that combine the
warmth of tubes with the punch and detail of conventional bipo-
lar devices. You'll hear the advantages in the subtle overtones of a
orchestral triangle or the whomp of a bass drum chasing a Fender

Strat across a rock concert stage! And, with 125 watts at 8Q and

over 200 watts at 4Q, you'll have all the power you'll ever need.

The RCC-945 — convenience and performance
in a six disc CD changer

THX is a registered trademark of Lucasfilm Ltd
Dolby® and Pro Logic® sra trademarks of Dolby Laboratories Licensing Corp.
© Copyright 1996 Rotel of America. All rights reserved.

Rotel Report

RSP-980 Processor/Preamp
We won'’t leave you hold-
ing the bag trying to control
all this power either. Our
RSP-980 provides all the
sound quality, convenience,
and system expansion capabil-
ity you'll probably ever need.
In the Rotel tradition, the
RSP-980 is built around a
multi-segment power supply
that provides ripple-free oper-
ating voltages thanks to high
capacity rectifier and regulator
ICs. Careful circuit board lay-
out assures that filter capaci-
tor banks are located near
associated active circuitry.
Analog stages benefit from
precision metal film resistors,
low ESR capacitors, and high
current operational amplifiers.
System flexibility? Seven
source inputs and an indepen-
dently controlled
Zone 2 output
allow you to
choose one
source for your
main system
and another for
remote rooms!
The Rotel
RSP-980 is an
ideal choice for
future system

“The Rotel RMB-100s deserve

RCC-945 6-disc CD Changer

And, lest you forget that
convenience and quality ex-
tends throughout the Rotel
product line, take a look at
our new RCC-945 Compact
Disc changer.

The RCC-945 combines a
single-play drawer loader with
an internal six disc “elevaror
style” storage bank so you can
use it as a single disc player or
in multi-disc mode for unin-
terrupted long term listening
enjoyment.

Technically, the RCC-945
is a standout, too. Advanced
digital processing includes the
same Delta Sigma converters
and second order noise shap-
ing digital filter that’s earned
high praise in our single disc
models. The dual D/A con-
verters feed a “no compro-
mise” analog
section featuring

the acclaimed
Burr-Brown
2604 opera-
tional amplifi-
ers. And, of
course, the en-
tire audio cir-
cuit has been
optimized
through exten-

expansion. ¢ g sive listening

2 serious consiaeration.
Wl D(')Iby Dayna B., The Audio Adventure, tests.h &
Pro Logic de- Vol. 2, Issue 2, Dec. 1995 The sound?
coding, THX Well, let’s just
certification, video switching say that it’s musically bal-

for composite and S-video
sources, and an on-screen dis-
play, the RSP-980 is fully
equipped to effortlessly take
you into the world of total
home entertainment. How's
that for painless transition?

anced, detailed, and unusually
transparent. Not what you
might expect from a CD
changer. But, quite in keeping
for Rotel. After all, we've been
building on that tradition for
over thirty years.

Rotel amplifiers and processors feature a 5-year limited warranty.
Rotel CD players have a 2-year limited warranty.

ROTEL OF AMERICA

Rotel of America
54 Concord St. North Reading, MA 01864-2699
tel 508-664-3820 fax 508-664-4109
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FOR THE PERFORMANCE OF YCUR LIFE

REFERENCE SERIES LOUDSPEAKERS. ror over twenty five years Sound Dynamics engineers Fave been
making great sounding lcudspeakers, at prices you can afford. Critics worldwide heve raved about their unmatched
versatility. Their outstand ng accuracy and imaging makes this ser es the number ane croice for home “heater or

audio systems. Audition the Reference Se-ies today. Insist on full value for your augio dollar!
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WHAT'S NEW

AMBIANGE ACOUSTICS SPEAKER

nstead of a woofer,
tweeter, and crossover,
the California Cube,
from Ambiance
Acoustics, uses four full-range
4Y2-inch drivers plus an
external equalizer.
This equalizer features
a 64-Hz bass rolloff filter
with an 18-dB/octave slope,
an EQ bypass switch, and
a tape monitor. An optional
“purist” upgrade replaces

the standard speaker and
equalizer wiring (including
circuit-board traces) with
silver wiring and adds
premium ICs. The California
Cube is available in

a laminate or painted finish.
Prices: $1,995 per pair,
including equalizer and
prepaid shipping; upgrade,
$200 for two speakers and
one equalizer.

For literature, circle No. 100

¢ MB QUART SPEAKERS -

Emulating quickchange
artists, the speakers in
MB Quart’s Domain line have

detachable grilles and trim
panels. Ten different finishes
are offered; depending on the
model, the trim you select
(and change yourself) will cost
from $49.95 to $123.95 per
pair ($53.95 each for
subwoofers). Shown are the
D20 satellite and D1000S
powered subwoofer, in honey
burl. The D20, with a 5Y%-inch
woofer and %-inch titanium-
dome tweeter, has a rated
frequency range of 70 Hz to
22 kHz. The range of the
D1000S, with a 10-inch
woofer in a ported cabinet,

is specified as 28 to 200 Hz;
its amp is rated at 100 watts.
Prices: D20, $299 per pair;
D1000S, $649 each

For literature, circle No. 101

seseessesscssssee

Y he AudioSource SW 8
powered subwoofer is rated
to deliver response down to
20 Hz from an 8-inch driver

in a vented cabinet measuring
only 11% x 15 x 14 inches.

The built-in amplifier, rated at
50 watts rms, has both line- and
speaker-level inputs and outputs.
Adjustable crossover frequency
50 to 180 Hz) and subwoofer
level controls help you match
the SW 8 to a wide variety of

speakers, as does a polarity switch.

The electronics automatically
turn on when signal is present
and turn off a few minutes after

the music ends. Price: $299.95 each.

For literature, circle No. 102

TDL Speaker

Standing 4 feet tall, the Studio
Monitor M is among the latest
transmission-line speakers from
TDL. The transmission line
provides loading for an
8 x 12-inch oval woofer with
a glass-reinforced polystyrene
diaphragm. The other drivers are
a 6-inch aluminum-diaphragm
midrange and a ferrofluid-cooled
1-inch magnesium-alloy dome
tweeter. Rated impedance is 8 ohms;
sensitivity is 87 dB for 1 watt at
1 meter. Walnut and black-ash
finishes are available. Price:
$6,500 per pair.

For literature, circle No. 103
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At the top of Advent’s new
B,R (Bach to Rock) line,
the Jade is a two-way speaker
with a shielded 8-inch
long-throw woofer and 1-inch
dome tweeter. Overall frequency
response is rated as 43 Hz to
21 kHz, 3 dB. Sensitivity is
89 dB, and recommended
power is 10 to 125 watts (400 watts
peak). Price: $449 per pair.
For literature, circle No. 104




DVD IsWhere It's At.




Toshiba IsWhere It's From.

If you've been reading about DVD, you've seen a lot of references to Toshiba.
That's no coincidence. Toshiba led the way in developing DVD technology.
Technology that includes a component video signal, which means a picture
better than laser disc, %nd three times better than VHS. Six discreet
channels of Dolby° AC-3"digital surround sound and up to eight languages.
Multiple aspect ratios (16:9, letterbox, pan and scan). And the versatility of
multiple subtitles, camera angles and rating edits. All on one disc. So, if you

enjoy being on the leading edge of home entertainment technology, you In Touch with Tomorrow
know that DVD is where it's at.

When you're ready to experience the brilliant picture and the TO s H I B A
extraordinary sound that DVD delivers, won't it make sense to get B e T e Ay orer0

the technology from its source? Toshiba is the source of

DVD technology. And DVD is the future. The Leader In Digital Video Technology

http://www.toshiba.com/tacp
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JOSEPH GIOVANELLI

Midrange Output
from a Subwoofer
Q Even though my subwoofer is fed fre-

quencies only below 125 Hz, I can still
hear most of the information above this
point, albeit at much lower levels. I tested this
by passing a 1-kHz tone from a test CD
through the sub alone, and I was able to hear
it clearly. Do I need to use an electronic
crossover network rather than the passive
networks I now use in order to prevent these
frequencies from being heard?—Paul Hanley,
Jersey City, N.J.

Crossovers don’t chop off frequencies

above or below the crossover point;
they roll those frequencies off. If your
crossover is a first-order type, which rolls
off at 6 dB per octave, the signal fed to your
subwoofer would be only 18 dB lower at 1
kHz than it is at 125 Hz (though the woofer
may have some additional rolloff of its
own). With a fourth-order crossover, which
rolls off at 24 dB per octave, the level at 1
kHz would be down 72 dB, but even that
might be audible if the original signal were
loud enough. If you feel the need for a
steeper rolloff than you’re getting, you’ll
need a steeper crossover; you can use either
a passive or an electronic type. On the other
hand, if the leakage through the subwoofer
is apparent only when the main speakers
are disconnected, there may be no real ad-
vantage to changing

Shielding TV Sets
Q In the past, you've discussed how to
shield a TV set from nearby speakers
by using thin sheet iron or sheet steel. I bolted
four pieces of 16th-inch sheet metal to the un-
derside of the shelf that holds my center-
channel speaker. That gave me an undistort-
ed picture, but only if I moved the speaker
nearly all the way to the back of the shelf. I
wanted to put the speaker as far forward as
possible.

When I wrote to you about this, you sug-
gested magnetizing these sheets with a per-
manent magnet (first moving the shield and
the TV apart, of course). Your advice was
right on target. I magnetized the bottom plate

with a magnet from a hefty 10-inch woofer,
which cleared up 80% of the problem; I still
got a bit of picture distortion when I moved
the speaker back and forth on the shelf. But
tilting the rear of the loudspeaker up, to aim
it at the listening position, eliminated the pic-
ture distortion and put the speaker at the
front edge of the shelf, right where I wanted it.
Thank you for your advice—Wayne A.
Pflughaupt, Katy, Tex.
£ The reason this works is that magne-
tizing the sheets increases their per-
meability to magnetic fields, which im-
proves the shielding.

High-Output Cartridge
into MC Input
Q I want to add a second turntable and

use a mono phono cartridge whose rat-
ed output is 22 millivolts for a 1-kHz record-
ing at 10 cm/sec. My preamp’s moving-mag-
net phono input is already in use. I have a
moving-coil input available, but its sensitivi-
ty is 100 microvolts. The MC input’s imped-
ance is 50 ohms; the cartridge’s required load
depends on the type of equalization needed.
What kind of network could I use to match
the cartridge to this MC input>—Name
withheld

’'m not at all convinced you can do

this without serious overload, but
here’s a possibility: Use a Y connector to
feed your cartridge’s mono output into
both the left and right MC inputs. Then put
a 47-kilohm resistor in series with the “hot”
lead from the cartridge. This should form a
voltage divider with the preamp’s 50-ohm
input, reducing the signal going to the pre-
amp. It should also satisfy the cartridge’s
load requirements, flattening its response
SO you can use your preamplifier’s RIAA
equalization.

If this doesn’t work, you’ll have to make a
shielded switchbox that lets you select ei-
ther your regular stereo cartridge or the
mono cartridge to feed to your MM input.
If you like, you can wire the mono cartridge
so that its output feeds both channels. Par-
alleling the two channels this way will alter
the frequency response a bit, giving you a
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peak followed by a rather fast rolloff; if
you're playing 78s, this could be desirable,
however. If you want flat response from the
cartridge, put a series resistor of about 22
kilohms between the cartridge’s hot lead
and the switch. You'll lose about 6 dB of sig-
nal, but chances are that will also be to your
advantage.

Equalizing 78-RPM Records
Q I'd like to transfer my 78-rpm records

to tape. I think I could really do a good
job if I had information about the various
recording curves used by record companies
when they were producing these discs. (Most
of my records are from the *40s and ’50s,
with a sprinkling of discs from the 30s.)
Where can I find this information, and can I
use my stereo third-octave equalizer some-
how?—Harry R. Porter, Louisville, Ky.

I don’t know of any books that in-
L clude the information you're seeking,
But I can tell you from experience that pub-
lished curves won'’t be very useful, because
you can tell just by listening that many
companies’ curves varied from record to
record within the same time frame. On the
other hand, once you have a setting for a
given record company, you will need to de-
part from it only occasionally.

When [ transferred my 78s to tape, I
started with my preamp’s standard RIAA
curve, which was designed for LPs. [ fed my
preamp’s output to a graphic equalizer and,
listening for the most lifelike sound, made
adjustments by ear for each record. If you
try this, you might want to have a friend lis-
ten with you, to get a second opinion.

Since there’s probably no bass below 40
Hz on any of your discs, you can turn your
equalizer’s lowest band all the way down,
which will reduce rumble quite a bit. If this
low-frequency cut intrudes into the next
octave, you might need to boost that octave
just a bit. In many cases, you may need to
reduce bass between 100 and 200 Hz in or-
der to avoid boominess. Keep in mind that
you will also be starting with the RIAA

If you have a problem or question about audio,
write to Mr. Joseph Giovanelli at AUDIO Maga-
zine, 1633 Broadway, New York, N.Y. 10019, or
via e-mail at JOEGIO@delphi.com. All letters
are answered. In the event that your letter is cho-
sen by Mr. Giovanelli to appear in Audioclinic,
please indicate if your name or address should
be withheld. Please enclose a stamped, self-ad-
dressed envelope.



“Polk’s SRT System will give you a thrill a minute”

David Ranada, Stereo Review, January, 199

The most influential audio journals of Europe and America agee, the Polk Audio S.gnature
Reference Theater system is a stunning achievement.

“The sound was extremely clean and extremely powerful, I was scared... an amazing
combination of flatness and low frequency extension we have

never before measured in our listening room... the effects pro- B
duced by SDA had to be heard to be believed... A
spectacular directional and spatial effects...” fu

David Ranada, Stereo Review, January, 1996
“...better than real cinema.”
“.. this is cinema shakeup, cinema shake-
down, cinema turn-it-upside-down. You're
not on the edge of your seat, you're forced
back into it. The realism is intense... this is a
system which can excel with music sources...
breathy and clear... admirable speed and
grace... totally absorbing”
What Hi-Fi?, Great Britain. February, 1996
For more information and the loca-
tion of a Polk SRT dealer near you, call
(800) 377 - 7655.

The SRT system consists of 35 active drive units housed in Matthew Polk
seven enclosures (including two 300 watt powered sub- Co-founder, Polk Audio

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

Dealer Locator Number
T polkiandio
- I_Ad code: 20014_} The Speaker Specialists *
5601 Metro Drive, Baltimore, Maryland 21215 USA {410}358-3600.

‘Pclk Audio”,” The Speaker Specialists” and “Dynamic Balance* are reglstered frademarks of Polk investment Corporaticn used under license by Polk Audio Incorporated
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Listen Past the Equipment

and Experience the Music

as Intended

Once in a while an idea
comes along which represents
a significant step forward in
advancing the current state-
of-the-art. We feel our new
ST Series amplifiers exemplify

this unique distinction

A new approach to low-noise
low distortion signal-path
has produced a linc of
amplifiers which is actually
quieter and more transparent
than any source material

currently available.

.E

Bryston ST amsplifiexs, from the top: 8B ST 4 channel 120 wpe, 5B ST 3 drasnel .20 wpe,
4B ST 250 wp= ster=o 7B ST 500 watt= mono. Not shown is the 3B ST 120 wpe stereo.

The Eryston ST innowat on: our
ultra- inear “input buSer-with-
gain” substantizly lowers the
distortion and inher2-t noise

floor — hearing is be'izving.

Comgletely separate power
supplizs for each channzl e'imi-
nate a7y crosstalk to ensure firm
focus and completely accurate

imagirg of musical instruments

Switchable zod pla-ed RCA
unbalanczc a3 XLR 1/4 inch
balancec rputs, wi-k equal
gain, allows “lexibility “cr multi

channel syssem config.rations

‘ Brysten Ltd, PO 3ox z° 70, 677 Neal Drive, Peterborough, On-ario,
Canada K9J 7Y4 Te: :705) 742-3325 Fax: (705) 742-0882
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curve, which boosts bass—often more than
is needed for 78s.

I roll off highs above the highest frequen-
cy on the discs (usually 10 or 12 kHz), to
minimize background noise. You may wish
to boost highs somewhere below this cutoff
point.

You may find that you’ll be reducing fre-
quencies in the region of 2 to 3 kHz, to
compensate for the record producer’s idea
of what sounded good on phonographs of
the day.

Experiment! It’s amazing what a small
change in settings, sometimes just 2 to 3 dB,
can make.

This technique of equalizing for the dif-
ference between a record’s correct playback
EQ and the RIAA curve is also the basis of a
commercial product from Esoteric Sound
(4813 Wallbank Ave., Downers Grove, IlI.
60515). The Re-Equalizer ($310) comes
with data on suggested settings for various
companies’ recordings (and was reviewed
in the November 1985 issue).

Slow Preamp Warm-Up
When 1 first turn my preamp on, the
left and right channels fade in and out
but not in unison. It takes approximately 5
minutes for the unit to operate properly.
There is no reliable repair shop in my area,
and I am reasonably good with electronics;
should I repair the preamp myself>— Grant
W. Prokop, Winnipeg, Manitoba, Canada
This sounds to me like a real chal-
lenge, because your problem has
many possible causes. I would not proceed
without first getting your preamp’s service
manual.

Dirty controls or poor solder connec-
tions can cause this problem, as could a de-
fective IC.

If your amplifier has a volume or gain
control, you may be able to use it as a signal
tracer. Connect a test lead to the amp’s in-
put through a capacitor of about 10 micro-
farads. Use this lead to check various stages
of the preamp, working from input to out-
put, until you find the one that’s acting up.

You might also want to measure voltages,
to see if they change during warm-up. Per-
haps the power supply is slow in coming up
to voltage on one channel. If you get really
frustrated, you might want to replace 1Cs
without regard to which one is causing the
problem. But this is easier said than done if

the ICs are soldered to the board rather
than socketed, and it is often difficult to ob-
tain the proper ICs.

Turntable Safety

While I admire the sonic qualities of

belt-drive turntables, I worry that
those thin little belts will let go, allowing the
heavy platter to spin across the room at a
wicked 33/ rpm. Do you know of a turntable
I can rely on not to do this>—B. Wildered,
Fanwood, N.J.

I have recently been informed that
4 Lirpa Laboratories is developing a
turntable that will offer the utmost in secu-
rity, thanks to a revolutionary belt-and-sus-
penders drive.

Static “Pops”
On cold winter days when the air is
dry, I have noticed static buildup that
causes a popping noise when I touch my com-
ponents. Is this harming any circuits?— Sal
Rosselli, Leominster, Mass.
.."'";!.' I don’t think you have anything to
% worry about. And if you touch a
grounded object just before you touch your
components, the problem will go away.

Improving Car-Speaker Gaskets

The gaskets I've seen supplied with car
speakers are thin, hard, and cardboard-like.
These gaskets don’t readily conform to the of-
ten irregular surfaces surrounding typical
loudspeaker cutouts and can’t keep speaker
vibrations from being transmitted to the
mounting surface. Worse, some drop-in
speakers have no gasket at all.

When | heard considerable buzzing from
my rear-shelf car speaker, | removed it and
applied a liberal thickness of silicone rubber
around its periphery, to form a resilient gas-
ket. I used a layer about Y 10 ¥ inch thick
and about % inch wide, mounted on top of
the original gasket. This eliminated the vi-
bration. It also created a really air-tight seal,
which is important for good bass response.
The same approach could be applied to drop-
in car speakers by forming a silicone gasket on
the underside of the speaker rim. I wouldn’t
be surprised if this same technique might im-
prove the performance of some home loud-
speaker installations. It seems to me that
manufacturers could supply better gaskets,
maybe even just as add-ons.—Ken Massey,
Indianapolis, Ind. A
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Audio Catalog

At Cambridge SoundWorks we make unique,
critically-acclaimed speakers and music
systems designed by Henry Kloss (founder of
AR, KLH & Advent). We sell them—and
components from companies like Sony,
Pioneer, Philips, Carver and others—factory -
direct, with no expensive middiemen. Call
today and find out why Audio magazine said
we may have “the best value in the world.”

+ Call toll-free for factory-direct savings.

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

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

« 30-Day Total Satisfaction Guarantee on all
products.

* 7-Year Parts & Labor Speaker Warranty.

“Best Buy.”

PC Magatzine

Add our award-
winning $219.99
SoundWorks system
to your computer,
radfo, TV, or Wulk-
man for
room filling
sound and

/ powerful bass,

=== . -

1-800-FOR-HIFI

Critically-Acclaimed. Factory Direct.

.

SOUNDWORKS

311 Needham Street, Suite 104, Newton, MA 02164
Tel: 1-800-367-4434 Fax: 617-332-9229
Canada: 1-800-525-4434 Outside U.S. or Canada: 617-332-5936
©1995 Cambridge SoundWorks,
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KEN KESSLER

BREAKFAST
OF HIGH-END
CHAMPIONS

. onsumer Electronics Shows
might rightly be all about new
products ready for the shops,

. butanaspect that’s rarely cov-

. ered in hi-fi magazines is in-

&1 dustry maneuvering, Whether
or not it means anything to you if
you don’t earn your living from hi-fi
is another matter, but certain events
that took place in January at the Las

Vegas CES just might influence your

audio future. Such affairs occur in

and around the Show, often after
hours, or—in the case of the AAHEA
meeting—before hours.

The Academy for the Advance-
ment of High End Audio is one of
the only organizations in the world
that exists solely to promote high-
end audio beyond the audience of
the converted. You don’t have to

think hard to realize why we need it.
The home entertainment scene has
changed radically since digital tech-
nology stripped away the soul, the
hobby element,
and the pas-
sion. The ad-
vent of home
cinema? Yet an-
other attempt
to turn audio
equipment into
run-of-the-mill
appliances, di-
vorced from any semblance of quali-
ty or intellect. Meanwhile, AAHEA is
fighting a rear-guard action designed
to keep pure audio—that is, sound-
only, music-for-music’s-sake hard-
ware—in front of the public. Pure
audio will never again have the
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CONCERNS SHOWN FOR
THE STANDARDS APPLIED
TO THE SOUND CARRIER

OF THE FUTURE
ARE VERY REAL.

glamour it possessed in the *60s and
'70s. It can never compete in the
minds of the knuckle-draggers who
want five channels’ worth of Arnold-
induced explosions, but some of us
still like our music without cinemat-
ic accompaniment. Which almost
explains why the most oft-heard
demo laserdisc at the Winter CES
was The Eagles’ Unplugged in sound-
only mode.

Whatever, the AAHEA breakfast
meeting was a real ear-opener after a
couple of years of ho-humminess.
Ordinarily, one asks one’s self, “Why
on earth did [ get up for an 8 o’clock
meeting to listen to self-serving driv-
el about room prices at CES and par-
allel importing into Bucharest?”
Good question. But invariably you
always answer, “Because I care about
the high-end audio industry.” And
s0 you rationalize your way through
another 90 minutes even more bor-
ing than your typical Merchant-
Ivory flick. Except this year’s meeting
was a shocker, and not just because
the Academy’s president stood up
and spoke like a leader rather than
an apologist.

Previously discussed in this col-
umn (January) are the CE regula-
tions, the European directives de-
signed to turn hi-fi into, well, crap.
But safe crap. It emerged that the
EIA (Electronic Industries Associa-
tion), AAHEA, and all manner of in-
dustrious individuals have been do-
ing their best to assist any American
manufacturers
who didn’t un-
derstand what
these regula-
tions meant,
how they could
be addressed,
how the testing
was to be un-
dertaken, and
whatever else was involved in ensur-
ing that American-made high-end
equipment would still be available in
Europe after January 1, 1996.

One day, a statue will be erected in
honor of Mike Elliott of Counter-
point, who (unpaid and barely as-

Hlustration: Danuta Jarecka
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sisted) set out to make certain that any of
his colleagues—and that means his com

petitors—in need of assistance could turn
to him for lucid explanations and guidance.
Mike provided an update at the meeting
while exhorting those present not to ignore
the threat that the CE directives pose to all
hi-fi manufacturers wishing to trade in
Europe. Honestly, the man should run for
office. And any who heard him who still
choose to ignore the warnings will deserve

P
S

Your
Room
Is Qur

what they will get, which is a total loss of ac-

\(merienceam'culate cess to a market of 300 million people.
(/ soundscapes created by the During the show, [ talked to a number of
few Vivaldi loudspeaker from Audio manufacturers that | know have a serious
Artistry. From the inventor of the European presence and asked them if all
Linkwitz-Riley Crossover comes a of their products were CE-approved. As I'd
unique dipole design for superior hoped, the larger and more professional
sound in the widest range of rooms. | manufacturers had everything covered:
Let Audio Artistry bring your music to Counterpoint (as you would expect, given
Ie. Call (919) 318-1375 or fax (919) Elliott’s crusade), Audio Alchemy, Krell,
319-1416 for the Vivaldi dealer Madrigal (the Proceed and Mark Levinson
nearest yort brands), and dozens more assured me that
their wares would be wearing the requisite

o /”( vo O stisdiny certificates. Ironically, it was a British man-
painting your wordd wilh 1Gund l ufacturer (who shall remain nameless) who
| told me that he discontinued a handful of
models rather than modify them for CE ap-
proval because the mods would have ruined
the products and the cost was prohibitive: It
would have pushed the models’ retail prices

|
@@ The sound quality, it’s incredible, better than the l up into the next level.
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sound produced by our living room stereo system. ®'® I was even treated to a glimpse of a CE-

Michael Esposito, Bose® Wave® radio owner ready alternative to the conv.entlonfnl a.nd
| probably-to-be-banned multiway binding

| posts by Stu Wein of SW Marketing; he pro-
| duced from his box of samples a neat chas-
| sis-mount binding post that offers full
compliance with CE standards, along with a
neat side-entry slot to accept spade connec-

tors. Manufacturers who are worried about
connector status vis-a-vis the CE rules

The customer letters keep coming. Their messages are similar: should contact Stu by fax at 215/953-7483
amazement over the Bose Wave radio. Our patented acoustic waveguide or via e-mail at swmktg@ix.netcom.com.
speaker technology enables the Wave radio to produce rich, full, room- And leave it to Dan D’Agostino of Krell

filling stereo sound. It even comes with an array of convenient features,

: : to go all the way, by designing a new speak-
including a handy remote control.

er terminal for the next generation of Krell
amplifiers. This stout binding post features

Call for a free information kit or to find out how to hear it@)_qr home.

Learn more about the big stereo sound of the Bose Wave radio and what looks like the center section of a Mer-
our satisfaction guarantee. Return the coupon or ¢ | cedes emblem as the screw-down portion.

Call 1'800'845'BOSE, ext. R387. Lastly, on the matter of CE regs, Karen

Sumner of Transparent Audio said she was

6 Bosc Corpuratio

Ma/Mes M ecstatic about CE regulations if it
Name '(Please Prine Dayrime Telephone

meant that she could terminate all of the
Address Evening Telephone

company’s speaker cables with spades;

Cioy State _Bas ¢ she, for one, detests banana plugs. (Sumner,

Or mail to: Bose CDD-R387, The Mountain, Framingham, MA 01701-9168, or fax  Better sound through research
to 508-4854577. Ask about F delivery.
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by the way, is in charge of AAHEA’s long-
overdue drive for foreign members. It’s
about time the organization realized that
the world does not end at the Golden Gate
Bridge and Long Island.)

But it was Bob Stuart of Meridian who
alerted the assembly to what might be per-
ceived as the biggest threat to the future of
high-quality music
playback: the forth-
coming setting of
standards for the au-
dio-only version of
the DVD. Bob is the
chairman of Acoustic
Renaissance for Au-
dio (ARA), an organi-
zation founded by
Hirokazu Negishi of
Canon. The ARA’s
purpose is to act as an
independent watch-
dog, trying, for exam-
ple, to keep the major
corporations from
settling on shamefully
low standards for new
formats, as is their
wont. The current
target of the ARA’s
scrutiny is the audio-
only application of
DVD, also known as
the High-Density Au-
dio Disc, or HDAD.

While conspiracy theorists love to wallow
in such stuff, the concerns shown for the
standards applied to what probably will be
the sound carrier of the future are very real.
There are four proposals on the table, not
all of which are available for public scrutiny,
and the headlong rush to quickly establish
the standard smacks of the kind of political
machinations that really happen only in the
movies. Indeed, by the time this issue
reaches the street, the standards will have
been set, and heaven help us if the lobbying
of a certain giant Japanese firm is enough to
shove the poorest one down our throats.

Bob Stuart, along with Tom Holman (of
THX fame), briefly explained what’s on the
table; we all knew what was at stake. The
necessary background fills a 23-page ARA
document, but Stuart explained succinctly
what the high end should support; there
was remarkably little dissent. (I don’t wish

THE ARA AND AAHEA
WILL GO DOWN
IN HISTORY AS VOICES

THAT SPOKE OUT
AGAINST MEDIOCRITY.

to identify the guy who sat behind me,
grumbling and muttering under his breath.
Suffice to say, the words “vested” and “in-
terest” spring to mind.) Stuart’s plea was
for AAHEA to draft a letter stating categor-
ically what format the high-end manufac-
turers want to see implemented, the ur-
gency created by a March deadline. The
curious nature of
publishing means
that I have a copy of
the proposed letter
from the Academy
before me, but it’s
not supposed to be
made public yet. Of
course, this column
will appear long after
these decisions are
made.

What I can tell you
is that AAHEA has
lent its support to an
HDAD system based
on elements of the
ARA proposal, call-
(1) multi-
channel capability

ing for:

using a minimum of
six channels of un-
compressed or loss-
lessly compressed
data; (2) 88.2- and
96-kHz sampling
rates; (3) a minimum
of 20-bit resolution, expandable to 24-bit;
and (4) pulse-code modulation rather than
“bitstream” (delta modulation). The Acad-
emy’s letter also addresses such points as
backward compatibility and requirements
for compatibility with first-generation
DVD players. But, above all, it is based on a
consensus that has determined the preced-
ing recipe as the one to go for if sound qual-
ity is to be preserved.

As 1 said before, you'll likely know which
way the industry went by the time this sees
print. And you'll likely also know if your fu-
ture holds the promise of realistic music re-
production or mere digital noise. Either
way, the ARA and AAHEA will go down in
history as the voices that spoke out against
mediocrity. That’s no consolation should
we inherit a digital turkey, but it kinda
makes me proud that | paid my dues again
this year.
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In DVD, high
data density
starts with
small pits
ond tight

track spacing.

~ seectruv N

IVAN BERGER

THE BUZZ
OF THE BlZ

f you'd asked me last year what

buzzword would dominate the

1996 Winter Consumer Elec-

tronics Show (WCES), I'd have

said AC-3. I'd have been wrong.

The Dolby Digital 5.1-channel
surround format, based on the com-
pany’s AC-3 audio compression sys-
tem, was all over the show. But the
biggest buzzword was DVD (origi-
nally Digital VideoDisc, now unoffi-
cially called Digital Versatile Disc by
some).

I hadn’t expected DVD to take this
show by storm because, for most of
last year, two mutually incompatible
DVD formats were vying for sup-
port. Both the Sony/Philips Multi-

0.83 um
minimum

0.83 ym
minimum

| T

Media CD (MMCD) and the Toshi-
ba/Time Warner SD systems could
pack about seven to 25 times as
much data as a
CD onto a CD-
sized disc. Each
had its own tech-
nical advantages,
so the battle
could have gone
on for years (re-
member LP ver-
sus 45?2 CD-4 versus SQ? VHS versus
Beta?). But for once, the opposing
sides managed to work out a com-
promise format, and quickly.

The January show brought DVD
promises, prototypes, and prepro-
duction samples from

DVD PROMISES TO BE
THE SINGLE MEDIA SYSTEM

THAT CAN REPLACE
EVERYTHING.

sphere and other NTSC markets),
more compact storage, the conven-
ience of complete movies on one
side of the disc, and more. For au-
diophiles, DVD players will be able
to accommodate audio CDs, with
the possibility of super-audio discs
to come. In computer use, DVD-
ROM drives will play today’s CD-
ROM discs as well as new discs with
much greater data storage capacity
and the ability to deliver substantial
amounts of high-quality, full-mo-
tion video. And
recordable DVD,
due later, may
eventually let us
time-shift pro-
grams, the way
we now do with
our VCRs, and
permanently
archive our camcorder footage (after
editing, I hope).

In part, DVD’s immense capacity
stems from the use of shorter laser
wavelengths, shallower disc sub-
strates, and dual-layer technology.

Onkyo, Panasonic, Phil- The laser

ips, Pioneer, RCA, Sony, reads through
Toshiba, Zenith, and sev-  the outer layer of
eral others. The players a dual-layer DVD to
should arrive later this reod its inner layer.

year, at prices variously
quoted from $500 to
$900. About 400 to 500
movies should be avail-
able on DVD at launch
time; even pessimists
predict 125 titles.

This far exceeds the
initial enthusiasm for
CD. But DVD promises
to be the single media
system that can replace
everything: laserdisc,
CD, CD-ROM, and ulti-
mately perhaps even
videocassette. As a re-
placement for laserdisc,
DVD will offer higher
picture quality, digital
surround sound (using
Dolby Digital AC-3 en-
coding in this hemi-
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Substrate

Reflective layer  Substrate

single-sided, single layer disc

A semi-transmissive
film and a dual-focus
laser system enable
two data layers to be
read on a single side!

Substrate

single-sided, dual layer disc

Hlustrations: Courtesy of Sony
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We've spent 10 years connecting people to
the greatest advancement in Home Theater technology.
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ml DSP 1996 marks the 10th anniversary of Yamaha's introduction of our unique digital sound field processing technology.

Many years in development, this technology was the first of its kind and remains unique to this day.

19861996

There’s DSP. And then there’s DSP.
From the very beginning, Yamaha
digital sound field processing has been
different than digital signal processing.
Rather than simply creating a computer model
for what a performance venue might
sound like, Yamaha engineers literally travelled the
world digitally analyzing very specific venues. A
stadium. An intimate jazz club. A gothic cathedral. A
concert hall. And many others. We used
four microphones, carefully
located in each venue to precisely measure the level, direction
and exact timing of individual sound reflections. The result
is perhaps the most realistically accurate reproduction of
live performances ever devised. But right there in
your living room.

1986 Yamaha introduces the DSP-1 digital sound
field processor. For the first time, a component
recreates digitally sampled music halls in the
home. It includes
— a setting for
Dolby Surround. Critics call DSP
“the most significant advance in
the control of auditory space

since stereo.” The show
begins.

1988 The DSP-3000
is introduced. Many of the

~ venues sampled in 1987 are incor-
porated as new programs, computer-
modeled sound fields specifically designed for

home theater applications are added. On-screen

display and master vol-
ume control are also incorpo-
rated for the first time.

1987 Yamaha
engineers embark on a
new United States sound field

sampling tour. Meticulously setting up a battery of carefully 1995 Headlined by the RX-V2090, Yamaha introduces a new
placed micropliones and digitally sampling the sound fields series of A/V receivers, with five models featuring DSP and
of Anaheim Stadium and the Roxy Theater in California. Cinema DSP and ranging in price from $1,499 to $399. The
The Village Vanguard, Village Gate and Riverside Church flagship, RX-V2090, is the company's first 7-channel A/V

in New York. Orchestra Hall in Chicago, among others. receiver and is ready for the next step-Dolby Surround
AC-3. All five units receive critical acclaim, with the

RX-V2090 lauded as “A blockbuster product!”

And now, the next generation of Cinema DSP. AC-3, very simply, is the spectacular home version of Dolby

Digital Surround found in the best movie theaters. Technically, it includes five discrete, full-bandwidth channels plus a sixth
subwoofer channel. Yamaha combined Dolby Surround AC-3 with our own unique DSP to create “Tri-field processing.’
including presence and left and right surround fields, reproducing movie sound tracks with unequalled positioning,

depth and realism. Essentially, Yamaha's DSP acoustically enlarges the listening room to that of a large movie theater.
What you hear is exactly what a film’s director intended you to hear. The new generation Cinema DSP represents the
absolute state-of-the-art in taking the movie theater experience home.




Then came Cinema DSP.
Yet another milestone in audio history. Only Yamaha Cinema DSP (a BC

combination of Digital Sound Field Processing and Dolby Pro Logic) P 0

creates phantom speakers to fully replicate the rich, full, exciting ; 3. U o ,-‘

sound of a multi-speaker movie theater. Which means you'll hear K, NP i

sounds coming from virtually every place in your room. Even in places Y iy ¢ ; ,gi?

that have no speakers. "11 : }.:’?
g

& Phantom Speaker Effect

1990 The 7<channel DSP-A700 is
introduced. For the first time DSP is included

with on-board amplifiers. Dolby Pro Logic is added 1991 The
for more realistic movie surround. DSP-A1000
breaks new

ground. Hailed
as “the only elec-
tronics you'll ever
need for surround or
home theater,” the A1000
provides the most versatile
control and switching yet on a
Yamaha product. It’s also the first
Yamaha component to provide digitally
processed Dolby Pro Logic and Cinema DSP with
“Pro Logic Enhanced” and “70mm
Theater” settings. Additionally, our RX-
V1050 and RX-V850 become our first 5
channel A/V receivers with DSP.

1993 The DSP-A2070 is introduced, with newly developed IC
chips for greater sound resolution, and more 70mm Cinema
DSP movie modes. Critics hail “simply the best!” “Does
everything.” “The best integrated A/V component
ever created.” Four new A/V receivers are
also added, all featuring 35mm
Cinema DSP and two with
70mm Cinema DSP
modes.

1994 Yamaha's DSP-A780 provides
the versatility and processing of 7channel
processor/amp in a 5-channel format.

1996 Yamaha celebrates its 10th
Anniversary of DSP with a spectacular
new product. The DSP-A3090.
A 7-channel DSP processor/amplifier which,
for the first time, includes built-in Dolby Digital
Surround AC-3 and Yamaha's own DSP
enhancement to truly make the
home theater as spacious as
a movie palace. Using the
power of DSP, five additional
AC-3 programs are engineered,
including AC-3 Enhanced and
AC-3 Spectacle. The next decade
in DSP is under way.




RX-V2090 7-Channel A/V Home -

Theater Receiver. 100 watts output L/C/R

channels. 35 watts x 4 Front and Rear DDP-1 Dolby Surround Digital AC-3
Effects. Multiroom, multi-source capabili- Processor. Built-in AC-3 RF demodulator
ty. Discrete 5 channel input for Dolby for AC-3 laser disc players. For use with

Surround Digital AC-3. 10 DSP programs. the Yamaha RX-V2090 Receiver.
RX-V890 5-Channel A/V Home Theater
Receiver. 100 watts output L/C/R channels.
25 watts x 2 Rear Effects. 10 DSP programs.

RX-V690 5-Channel A/V Home Theater
Receiver. 80 watts output L/R/C channels.
25 watts x 2 Rear Effects. 10 DSP programs.

The new DSP-A3090 Digital Sound Field
Processor. Incorporates Dolby Digital Surround

AC-3. Provides the 5.1 channels of AC-3 surround RX-V590 5-Channel A/V Home Theater
as well as the 7 channels of Yamaha's Cinema gomi;“ 7;’ ;’““ng‘f‘g:“ %’gg}‘} channels.

. . watts X ear S. rograms.
DSP surround settings for Dolby Pro Logic i

sources. Five
new modes
that combine

AC-3 with RX-VA90 5Channel Receiver. 70 watts

Yamaha DSP to output L/C/R channels. 15 watts x 2 Rear
: Effects. 6 DSP programs.

deliver the programs

most spectacu-

lar home theater experience possible today. 30
different surround modes in all. 80 watts output
L/C/R channels, 80 watts x 2 Rear Effects, 25

watts x 2 Front Effects. 11 analog audio, 1 AC-3 RX-V390 5-Channel Receiver. 60 watls
output L/C/R channels. 15 watts x 2 Rear

RE, 5 optical, 1 coaxial, and 6 video inputs with Effects. 4 sound fields.

S capability
DSP-E580 3-Channel Digital Sound Field
Processor. Use as complete add-on to exist-
ing stereo system or as processor only. 25
watts for center channel and 2 Rear Effects.
16 DSP programs.
- Yamaha Digital Sound Field
Processing has most assuredly
DSP-E390 3-Channel Digital Sound changed the way the world
Field Processor. Use as complete add-on - . :
0 &xinling st quIRUO o TORE . hsten; to its music. Watches
only. 60 watts per channel for center its movies. And we fully expect
| channel and 15 walts x 2 Rear Effects. ’ g 3
DSP CDV-W901 CD/LD Player. Dolby AC3 5 DSP Programs. the newest generations of this
9ad-15%0 Laser Disc Player. 2 sided play. Plays LD, revolutionary technology to
CD and CDV discs. make the next ten years every
bit as exciting as the last.
For the dealer nearest you,
please call 1-800-4YAMAHA.

YAMAHA

Yamaha Electronics Corporation, USA. P.O. Box 6660, Buena Park, CA 90622



The wavelength of the new lasers’ red light
is only about 15% shorter than the infrared
light used for CDs now (blue lasers, which
have very short wavelengths, are not yet
practical). But that and new optics let DVD
makers shrink the pits that carry the data,
and the spacing between them, enough to
increase data capacity about fourfold. More
efficient modulation and error correction
increase capacity by half again, letting a
DVD store 4.7 gigabytes of data, about sev-
en times a CD’s capacity—for openers.

Use of a 0.6-mm plastic substrate, half as
thick as that used for CDs, cleans up the op-
tical path by giving the laser beam half as
much plastic to work through. A second
0.6-mm substrate is bonded to the back of
this, to protect the recording’s reflective lay-
er, stiffen the disc, and maintain compati-
bility between the new players and conven-
tional discs. But the second substrate can
also carry data, turning the DVD into a
double-sided disc whose capacity has dou-
bled once again, but which must be flipped
over to play its second side. (Label informa-
tion for double-sided DVDs will be on the
unrecorded ring around the center hole.)

The short-wavelength laser, new optics,
and thinner substrate also make it possible
to put two layers of recording on each side
of a DVD, raising capacity to 8.5 gigabytes
per side (17 gigabytes for a double-sided
disc). The outer recorded layer is semi-
transparent, so the laser can be focused past
it to reach the inner layer.

Massive capacity? Not for the DVD’s
main application, digital video. Getting a
single-sided, single-layer DVD to hold 133
minutes of video instead of just 15 minutes
calls for massive compression. But by using
the MPEG-2 compression scheme, DVDs
can even have room for multiple versions of
a video program. This will let you match
wide-screen movies to your video screen by
showing them in letterboxed form, in 4:3
pan-and-scan form, or, if you have a
widescreen set, in 16:9 form. DVD can also
carry multiple versions of a film, so parents
wil} be able to lock out an “R”-rated version
for their kids. DVDs can carry soundtracks
and subtitles in multiple languages. Some
discs might let you choose camera angles.

What about audio? Right from the start,
the DVD standard provides for three digital
audio formats. The first is CD-type 16-bit
two-channel linear recording (stereo or

Dolby Surround); this can be
used with relatively short video programs
or even full-length features, though at the
sacrifice of multiple-language and discrete
multichannel capability. But most sound-
tracks will be 5.1-channel Dolby Digital
with AC-3 encoding, in our part of the
world, at least. (In Europe and other
PAL/SECAM markets, the standard com-
pressed-audio format will be two-channel
MPEG-2, with Dolby Digital as an option.)
The third provision is for playback of
MPEG-1 audio, for compatibility with the
CD-V format.

DVD also has potential for audio-only
applications. Today’s CDs hold enough
music (about 75 minutes) to satisfy most
listeners, but many audiophiles think they
don’t hold enough bits. They would like to
see the sampling rate and sample size in-
creased and would like multichannel capa-
bility—without AC-3, MPEG, or any other
form of data reduction. With DVD, we can
have it all—if proper standards are set and
followed from the beginning.

A group called Acoustic Renaissance for
Audio has proposed just such standards for
what various proponents call the High-
Quality Audio Disc (HQAD) or High-Den-
sity Audio Disc (HDAD), as discussed by
Ken Kessler in “Mondo Audio” in this issue.
A particularly interesting aspect of the ARA
proposal is its flexible allowance for “trade-
offs between precision, frequency, band-
width, number of channels, and playing
time.” Through these trade-offs, a 93-
minute disc could carry a 7.1-channel, 24-
bit program with 48-kHz sampling or eight
channels of 16-bit audio at 96 kHz, to name
just two possibilities. And an archive disc
could carry 472 minutes (nearly 8 hours) of
16-bit stereo with 48-kHz sampling.
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As for AC-3, it probably will be all over
next winter’s CES. But it won’t be a buzz-
word: Within weeks of the 1996 WCES,
Dolby Laboratories announced that the sys-
tem’s name will be “Dolby Digital AC-3”
for laserdiscs and laserdisc equipment, but
for DVD (which is where it should really
catch on), its name will be just plain “Dolby
Digital.”

Music, but Not Sound, by Wire

Yamabha plans to distribute music by wire
in Japan, but that music will be in the form
of MIDI commands rather than recorded
sound. Visitors to any of 200 shops in Japan
will be able to download MIDI sequences
onto floppy disks, for playback on MIDI-
compatible home PCs or MIDI sequencers.
Signals will be distributed to the stores via
ISDN (Integrated Services Digital Net-
work) lines; if such lines ever become com-
mon in homes, direct MIDI distribution
might become practical.

Two multiroom A/V distribution systems
that require no new wiring were introduced
at the Winter CES this past January. They
are similar in principle but connect differ-
ently: Elcom’s EZ system transmits via your
home’s AC wiring, whereas the Terk Tech-
nologies HomeNetwork will use telephone
wiring. Either way, a basic system of one
transmitter and one receiver should cost
less than $200. The cost should come down
further if either HomeNetwork or EZ gets
popular enough that makers of other home
electronic devices incorporate the technol-
ogy in their own equipment. A



NEW RECORDING TECHNOLOGIES
SUCH AS NOISE SHAPING AND
HDCD PROMISE MUCH, BUT DO
THEY REALLY LIVE UP TO THEIR
HYPE—AND ARE THERE

BETTER ALTERNATIVES /

GITAL DEERS

n last month’s exam-

ination of 20-to-16-bit

/ noise-shaping tech

/ niques (“19 Bits in a

16-Bit Sack?”), real

musical signals record-

ed on practical systems were shown to con-
tain enough noise to swamp the effect of
the noise-shaping filters. Recordings with
noise floors approaching even the 16-bit
theoretical limit, without noise shaping,
prove 1o be rare, and it can be safely stated
that the “I19-bit equivalent” performance
predicted by both digital theoreticians and

D. W. Fostle is the author of The Steinway
Saga (Scribner, 1995). His techniques for
computer-based measurement of musical
signals, developed in researching that book,
form the basis of this article. For their techni-
cal services in making the test recordings,
the author wishes to thank Marc Aubort,
Elite Recordings; Jerry Bruck, Posthorn
Recording; Keith Johnson, Pacific Mi-
crosonics; and Chris Rice. A debt is also owed
to pianist Jerome Lowenthal, produc-
er Joanna Nickrenz, and piano tuner Tali
Mahanor, who prepared “Penelope” (a.k.a.
Steinway Model D, 56 290).

advertising copywriters has not yet been
achieved.

If noise shapers as a class are typically de-
feated by noise in the signals on which they
operate, the question arises as to whether
their use is otherwise benign. Do these de-
vices alter the musical information that
passes through them, or are their opera-
tions confined solely, if largley ineffectively,
to noise?

To gain insight into the issue, 20-bit
“test” recordings were made. Assembled
was a high-quality recording system com-
prising two Schoeps CM-65 microphones
with 958 capsules, a Hardy M-1 micro-
phone preamplifier, a Wadia Digital 4000
20-bit analog-to-digital (A/D) converter,
and a Nagra D 20-bit digital recorder. With
this system, Marc Aubort recorded perform-
ances by Jerome Lowenthal, a concert pi-
anist and chairman of the Juilliard School
piano department.

The main purpose of the recordings was
to document the amazing variety of timbres
and musical effects produced by Steinway
pianos built over a period of 140 years, but
the 20-bit masters also provided material
having low noise, a musical dynamic range
in excess of 60 dB, a complex reverberant
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field, and daunting transients. Some piano
attacks contained instantaneous energy be-
yond 20 kHz, and even at moderate levels,
“sprays” of energy up to 16 kHz were com-
monly measured.

Noise Shaping or Sound Shaping?

To audit and measure the effects of the
noise shapers, I created a 20-bit edited mas-
ter on a digital workstation and then trans-
ferred it back to the Nagra D. Using the Na-
gra’s built-in error-logging facilities, I
monitored digital error rates and found



none. | then used the edited 20-bit data,
now on tape, as a source to feed each of sev-
eral noise-shaping devices (a Weiss SFC-1, a
Meridian 618, and a Sony K-1203), whose
outputs were transferred to a Marantz CD
recorder.

The final result was a CD, playable on any

system, that contained the various noise-

shaped versions of the original 20-bit
recording. On audition, | found that the
different noise shapers yielded differences
in instrumental timbre, reverberation color,
and stereo presentation of the piano. As a

PHOTOGRAPHS:

class, the noise shapers tended to “harden”
or “brighten” the sound, particularly in the
reverberant decay. Though difficult to de-
scribe, the effect was similar to that of in-
creasing the area of the performance space
covered with plaster or stone and reducing
the area covered with wood. The timbral
corollary of this is a “brightening” of the pi-
ano, particularly in the top two octaves.
That the noise-shaping filter plays a role
in these effects can be demonstrated with
the Meridian 618, which has several in.

MICHAEL

GROEN

creasingly powerful noise-shaping selec-
tions. Moving from the milder to the steep-
er curves causes a progressive brightening
of both the piano and the reverberant field.
The noise-shaping devices also influ
enced the stereo image, sometimes in unex-
pected ways. The apparent size of the piano
was noticeably smaller with the Sony Super
Bit Mapping (SBM) processor than with
other processors. This could be described as
a more defined image or, if one does not
prefer a smaller piano, as a reduction in
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scale. I also noticed that the Weiss SFC-1
seemed to “push” reverberation toward the
speakers when compared with the other
noise shapers.

There remained the question of how re-
producible these effects would be on other
systems in other rooms. To explore that is-
sue, the comparison CD was auditioned
through the same digital-to-analog (D/A)
converter on two other systems, both
owned by audio professionals. Although
rendered differently in degree, the effects
were sustained. The most robust effects
were on piano timbre and the general

Fig. 1—“Three-
dimensional”
spectrogram of a
piano-attack transient
after passage through
a Sony K-1203 SBM
noise shaper. Time is
charted horizontally
in seconds, frequency
vertically in hertz;
amplitude is indicated
by color (see color key
below). Note the slight
bulge, or “puff,” from
the left edge of

the attack’s vertical
structure, between
about 6 and 8.8 kHz.

Fig. 2—Spectrogram
of the same piano
attack in Fig. 1,

this time processed
through an Apogee
UV-1000, which uses
the company’s
UV-22 20-to-16-bit
redithering process
but no noise shaping.
The slight “puff”

of energy visible

in Fig. 1, ahead

of the attack,

is absent here.

brightening of reverberation. Stereo pre-
sentation, while consistent in direction, had
markedly different scale among the three
systems. (And in general, the sonic differ-
ences among the noise shapers were much
smaller than the variations among the sys-
tems on which the recordings were played.)
A specific and measurable case can be
seen in Fig. 1, a spectrogram of the piano-
attack transient produced after passage
through the Sony K-1203 SBM processor.
The single, sharply struck mid-treble note,
with a peak level 11.9 dB below digital full
scale (0 dBFS), pops from a softly played
bass figure in Paderewski’s Minuet in G.
Note the “puft” of energy between 6 and 8.8
kHz prior to the main attack’s vertical
structure. This manifests itself as something
like a click, the reproduction of which was
found to depend on the playback system.
On one system the puff was very sharply
rendered; producing a sound similar to an
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instantaneous digital overload, a clear im-
possibility given the levels involved. On an-
other playback system a light tick was
heard, which could easily be confused with
the click of the artist’s fingernail accidental-
ly contacting a piano key. On a third play-
back system the puff emerged as a low-level
“thock” sound, which, in that instance, lis-
teners might well have identified as a stick-
ing piano action or as other mechanical
noise from the instrument itself.

When the same signal is passed through a
processor that doesn’t use noise shaping, in
this case the Apogee Electronics UV-1000,
the puff is absent and there is better overall
alignment of the attack transient. The
Apogee’s reproduction of the attack can be

Some piano allacks conlained
20 kllz, and “sprays™ up

seen in Fig. 2. The puff is an artifact pro-
duced by the SBM processor and was not
present on the master recording when
played back directly from the original 20-
bit tape. Since each playback system ren-
dered the artifact differently, listeners could
easily come to different conclusions as to its
cause. Without reference to alternative 16-
bit masterings through other processors or
a 20-bit original, the listener would not re-
alize the sound was actually created by a
noise-shaping process.

Caution is in order, however, with regard
to generalizing from these observations.
They emerged from experiments with only
one class of program material, and a par-
ticularly daunting one at that. A signal hav-
ing less natural reverberation would make
it harder to distinguish between the various
noise shapers. And the alterations to stereo-
phonic imaging would likely have been re-
duced, if not obliterated, had more than a
simple stereo pair of microphones been
used, as is sometimes done even on classical
piano recordings and which is the essence
of multitrack recording,

It is nonetheless evident that noise shap-
ing can have sonic effects, and those effects
may alter not merely the noise floor but
other aspects of the presentation as well. Of



those detected, the alterations of the piano’s
timbre and attack transients are perhaps the
most important musically. Classical pianists
are judged, in part, by their “touch” and
their “tone,” both of which can be modified
by effects such as those introduced by the
noise shapers. Since the general tendency of
the process is to harden transients and
brighten the overall piano sound (the two

phenomena are correlated in the instru-
ment), it is

instantancous energy hevond

lo 16 kHz were common.

possible that subtleties of musical meaning
or judgments of artistic capacity will be al-
tered. That is not necessarily adverse; for ex-
ample, the effect of transient “sharpening”
might be to increase the definition of indi-
vidual notes in a complex musical passage.
But any such aesthetic application of a
noise shaper, which effectively transforms it
into a very peculiar form of equalizer, is
separate from its design goal.

The connection between equalization
and noise shaping is not as farfetched as it
might seem, noise shapers being a special-
ized permutation of a larger class of devices
that includes equalizers and tone controls.
In fact, the well-known tendency of filters
to “ring” may possibly be relevant. Since
the shapers examined can introduce alter-
ations of 20 to 50 dB in the signal, it seems
possible that they may alter transient wave-
form shapes. I advance this notion not as a
finding but as an informal speculation as to
the physical cause of some of the phenom-
ena heard. Whatever the reason, however, it
appears that noise shapers can, at least un-
der some conditions, “shape” music as well.

The Apogee Alternative
One special alternative to noise shaping
in converting 20-bit masters to 16-bit CDs

is Apogee Electronics’ UV-22 redithering
system, incorporated in the company’s UV-
1000 mastering processor and, more re-
cently, as a built-in function in its 20-bit
A/D converter. Apogee reports wide adop-
tion of the UV-1000 in mastering facilities.
Intended as a “final step” mastering proces-
sor, the UV-1000, like some of the other de-
vices examined, has other capabilities. In
the case of the UV-1000, they include DC-
offset removal, signal generation, left/right
channel reversal, and an ability
to slightly reduce digital signal
levels to prevent overload.

In the UV-1000’s manual,
Apogee says that the UV-22
process “adds an inaudible,
high-frequency ‘bias’ to the digi-
*tal bit stream, placing an algo-
rithmically-generated ‘clump’ of
energy around 22 kHz.” Figure 3
shows the spectrum of the Apogee’s output
(green curve) in comparison to that of the
Meridian 618’s “flat dither” (red curve).
Until about 14 kHz, the Apogee’s noise lev-
el is 4 to 5 dB below that of conventional
dither. This is generally consistent with
Apogee’s claim that the process’s noise
floor is the same as the theoretical 16-bit
minimum. By 16.5 kHz the energy in the
Apogee’s output is equal to that of the
Meridian, and the small peak at 19.5 kHz is
about 23 dB above the Meridian’s noise. A
second peak occurs at 20.9 kHz and a third,
smaller peak at 21.8 kHz.

Apogee’s claim that UV-22 is “not a new
flavor of dither noise” is confirmed by Fig.
4, a spectrogram of 1 second of the UV-22
signal. It shows multiple frequency modu-

lations that, over time, tend to center at the
spectral peaks of Fig. 3 but vary as much as
1 kHz in either direction. If this signal were
conventional random-noise dither, the
spectrogram would show only small lacy
patterns of blue and white. Underlying this
unusual signal is a very complex, statistical-
ly based theory (not entirely explained in
published papers) as well as extensive lis-
tening tests. The question is, does UV-22
work?

The Apogee’s noise floor itself, when dig-
itally multiplied 60 dB, had the least un-
pleasant sound of any of the processors ex-
amined. The 4- to 5-dB reduction in noise
below flat dither was readily apparent, and
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Fig. 3—Spectrum of the Apogee
UV-1000 processor’s noise floor

(green curve) compared with that of
the Meridian 618 mastering processor
in its “flat dither” mode (red curve).
The bulge in the Apogee spectrum at
extremely high frequencies results from
its concentration of dither energy in the
near-ultrasonic range, which reduces
noise at lower frequencies. (As on most
of the amplitude-versus-frequency graphs,
the decibel scale to the left is strictly for
evaluation of relative levels and is not
based on any absolute reference.)

Fig. 4—Spectro-
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gram of the Apogee
UV-1000’s noise
floor. Visible in the
band at the top are
multiple frequency
modulations that,
over time, tend to
center at the spectral
peaks of Fig. 3 but
vary as much as

1 kHz in either
direction.
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Fig. 5—Spectrum of the noise floor

at the beginning of cut 6 on the first
Reference Recordings HDCD sampler
(purple curve). Shown for comparison
is the noise spectrum of a Meridian 618
in its “flat dither” mode, fed by

a Lexicon 20/20 20-bit A/D converter
with no input signal (red curve).
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Fig. 6—Spectra of the opening

1.7 seconds from two versions of

“Lux Aeterna” on the second Reference
Recordings HDCD sampler. The purple
curve is for the HDCD version,

the orange curve for a version recorded
through a conventional Sony 1630
16-bit A/D converter. Note the slight
high-frequency rolloff in the HDCD
spectrum, starting a little below 2 kHz.

the signal was devoid of the strong “hissy”
quality of flat dither. Notably absent were
the crackling and frying sounds or the
strangely hollow noises produced by some
noise shapers. If a noise floor is to be heard,
the Apogee’s seems the most benign.

The Apogee is notable for what it does
not do to music signals. There was no de-
tectable alteration of the piano’s timbre or
its attack transients. No “hardening” of re-
verberation was perceived, nor was any
stereo image alteration detected. In sum,
the Apogee UV-1000 seems to go about its
word-length reduction chores in a mini-
mally intrusive manner. As with the other
processes, however, caution is urged in gen-
eralizing these observations to other types

of program material and other recording
techniques.

HDCD (Unplugged)

Apogee’s UV-22 is a low-profile process.
Although there is a UV-22 logotype, it is
rarely, if ever, seen on CDs, and few people
outside the trade seem to know of its exis-
tence, Precisely the oppaosite is true of Pacif-
ic Microsonics’ HDCD, or High Definition
Compatible Digital, process. Prestigious
publications such as The Economist (“un-
cannily realistic), Fortune (“captures im-
portant aural cues”), and The New York
Times (“fully flowered music”) have cov-
ered HDCD. Specific information about
how the process works is in short supply,

but a document filed by Pacific Microsonics
and published under the Patent Coopera-
tion Treaty gives some insight into HDCD.
The system’s principal benefits are claimed
to be “ultra-low distortion” and “improved
apparent resolution” while maintaining
compatibility with standard CD players.
“The overall system of the invention,” states
the international application, “makes possi-
ble a more accurate reconstruction of the
original analog signal than would have been
possible using the same digital recording
standards.” Elsewhere in the document are
claims of “an extra 4 bits of dynamic
range” and “better spatial sense and less
brittleness” as well as improved “inner de-
tail perception.”

The “smart optimization” techniques
used in HDCD are also claimed to provide
“improved sonics for portable and automo-
tive playback when not decoded.” That, Pa-
cific Microsonics says, is because “conven-
tional decoding. . .yields a signal with
slightly less dynamic range and only slightly
higher background noise.” But, because of
“lower quantization and slew induced dis-
tortions,” the music will “sound equal to or
better than an unencoded product.”
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Elsewhere in the patent document it is
claimed that “signals lacking the encoding
process [that is, conventional CDs)] are pro-
vided some overall enhancement.” In sum,
according to these claims, everybody wins,
and more than compatibility is provided.
Play an HDCD disc in your car, and it will
sound better. Play a conventional CD
through an HDCD decoder, and it will be
better too. But best of all is supposed to be
the combination of HDCD encode and de-
code, with its promise of “increased appar-
ent bandwidth and resolution” and an im-
plied 19- or 20-bit dynamic range.

To summarize the dense aggregate of
techno-speak and legalese in the 88 pages of
the international patent document, which
includes 107 specific
claims, it appears that
there are a number
of methods
by which
HDCD may
operate on
an incoming
music signal.

The first of

these is
boosting low-level signals and attenuating
peaks. This compress-during-recording, ex-
pand-during-playback function of HDCD
appears conceptually similar to conven-
tional compander-based analog schemes
(such as Dolby and dbx noise reduction),
but it is also stated that the process reduces
distortion.

Amplification of low-level signals during
HDCD encoding is claimed to “maintain a
minimum LSB [least-significant bit]
dither-like activity” that reduces distortion,

The noise shapers
or “brighten

particularty in the

It is also asserted that the higher average
recording levels permitted by peak com-
pression further reduce distortion, albeit at
the cost of increased distortion on “infre-
quent” peaks. Whereas conventional noise
reduction usually relies on fixed and known
signal levels for both the encode and decode



operations, HDCD tells the decoder how to
vary its gain via a code embedded in the
least-significant bit as a part of a pseudo-
random dither noise. The gain increase on
low-level signals helps conceal the code in-
sertions, which for classical music are said
to last for about 1 millisecond and occur
several times per second “at most.”

It seems that the codes can, at least po-
tentially, control at least two other HDCD
functions. One of these is filter shape dur-
ing playback. The document lists three
types of interpolation filters—one for high-
level signals, another for low-level signals,
and a third for transients. The HDCD de-
coder, if this function is implemented,
switches between filter types according to
signals in the control code. Pacific Mi-
crosonics claims that this technique re-
moves the need to “compromise” filter de-
sign and that both “extended high-
frequency response” and “improved tran-
sient settling” are obtained.

A third potential operation of HDCD is
“wave synthesis.” When the HDCD encode
processor detects a waveform with distor-
tions “known to occur at the reproducer,”
another waveform can be substituted. The
new waveform is either looked up in mem-
ory, amplitude scaled, and then substituted,
or, alternatively, data is sent via the control
subchannel to enable the HDCD decoder to
synthesize the signal. The “restructured”
waveform is said to have more data points
and therefore reduced distortion. Pacific
Microsonics says the wave-synthesis feature
is not used now, however, as it was found to
be unnecessary.

It is clear that HDCD potentially involves
very large amounts of signal processing.

tended to “harden”
the sound.

reverberant decay.

Most of this appears to occur during en-
coding. The encoder incorporates an A/D
converter running at an 88.2-kHz sampling
rate and generating 24-bit words, 20 bits of
which are devoted to the audio signal. Its
output feeds a buffer memory that stores
the signal while the encoding logic analyzes

for its salient characteristics. Another sys-
tem performs the actual HDCD operations,
such as compression, and then generates
the control codes that are embedded in the
output signal.

At the receive end, a Pacific Microsonics
LSI chip, which includes a digital interpola-
tion filter along with the decoder, performs
the “conjugate” operations, thereby pro-
ducing a signal incorporating whatever im-
provement the entire process provides. In-
dependent of its HDCD decoding capa-
bilities, the Pacific Microsonics PMD-100
chip is considered by some to be a very
good filter that is adaptable to many D/A
converter designs, and it is now used in
equipment from roughly three dozen manu-
facturers. Those desiring HDCD should
budget a substantial sum, as the average re-
tail price of 42 D/A converters using the
HDCD chip is now about $3,200, with a
high of $15,950 and a low of $599. An out-
board converter is almost a necessity, as
only six integrated HDCD players—with an
average price of more than $2,700 and none
below $1,995—were available in late 1995.

Beyond the cost issue is the fact that
HDCD-encoded program material is still
scarce. That is at least partly because there
was no commercially available version of
the HDCD encoder until recently. Conse-
quently, most HDCD recordings have come
from the San Francisco-based Reference
Recordings label, with which Keith John-
son, one of the HDCD developers, has long
been associated.

Reference Recordings has released two
HDCD samplers containing examples of
recordings made in the format. Since al-
most all of that material was originally cap-
tured on an analog tape deck without noise
reduction, the recordings themselves tend
to be somewhat noisy. This is seen in Fig. 5,
which shows the quiescent noise floor for
about a quarter of a second at the begin-
ning of cut 6 on the first Reference Record-
ings HDCD sampler (RR-S3CD), Mike Gar-
son’s version of Miles Davis's “All Blues”
(purple curve). The plot was made directly
from the digital signal on the CD, ported
into a Silicon Graphics computer worksta-
tion. Shown for comparison is the noise
spectrum from a Lexicon 20/20 A/D con-
verter feeding a Meridian 618 processor,
presented in last month’s measurements,
with the 618 set to “flat dither” (red curve).
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Fig. 7—Spectra from alternative
masterings of “Moonglow” on the
second Reference Recordings HDCD
sampler. As in Fig. 6, the HDCD version
(purple curve) rolls off slightly above
about 2 kHz relative to the Sony 1630
version (orange curve).
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Fig. 8—Peak levels, in LSBs (left scale),
of eight drum hits from two masterings
of Jimi Hendrix’s “Gypsy Eyes,” one a
conventional 20-to-16-bit remastering,
the other an HDCD remastering. A
third curve plots the energy difference
between the two, in decibels (right scale).

In the region of greatest aural sensitivity,
roughly from 3 to 5 kHz, the noise in the
Garson recording is 17 to 18 dB above the
noise floor of the Lexicon/Meridian combi-
nation. That’s equivalent to about 3 bits of
resolution. Had the original recording been
made digitally, roughly similar noise levels
would have been produced by a 13-bit ana-
log-to-digital converter.

Also seen in Fig. 5 is HDCD’s use of
dither, possibly of a high-pass form but def-
initely noise. The dither accounts for the
rise in the noise floor beginning at about 13
kHz. Since Pacific Microsonics claims in its
patent papers that dither “creates new dis-
tortion,” its presence on these and other
HDCD recordings is as interesting as it is
enigmatic. This, however, is only the first of
a number of surprising behaviors by the
HDCD process.

Notwithstanding the relatively high noise
levels and the very strange shift in piano



—Spectra for the “heads” (upper
pair of curves) and “tails” (lower pair)
of a high-treble piano note. The purple
curves are for the HDCD-encoded version,
the orange curves for an unprocessed
16-bit recording of the same event.

perspective that occurs in the first part of
the recording, the Garson “All Blues” is a
sonic confection with plump but not over-
bearing bass, well-delineated brushwork,
and a large (though still crisp) saxophone
sound. If there is a “process” at work here, it
is difficult to detect it.

A word is in order about the influence of
D/A converters on this recording, The ref-
erence converter—an Apogee DA-1000 that
is widely used in professional recording,
mastering, and some instrumentation ap-
plications—has no HDCD-decoding capa-
bility. It produced a particularly pleasing
rendition of the Garson. When played
through two different HDCD-capable con-
verters, one from Proceed and another
from EAD, and with sound-pressure levels
adjusted for equality in the opening bars,
the presentation turned out to be audibly
different.

Fig. 10—"“Three-
dimensional”
spectrogram of the
unprocessed 16-bit
recording of the
entire piano note
depicted in Fig. 9.

Spectrogram of the
HDCD-encoded
rendering of

the piano note.
Note how the tails
of the partials are
lengthened and
intensified.

AUDIO/APRIL 1996
32

In comparison with the Apogee, both
HDCD-equipped converters sounded
rolled off in the high treble—particularly
evident in percussion—and, at the same
time, the Garson recording took on a “wet-
ter,” more reverberant quality, as if the
walls of the space in which it was recorded
were moved back and the microphones
placed further from the musicians. It is a
personal matter as to which presentation is
preferred, but the difference is distinct.

In a separate test I found that this differ-
ence was due in part to the characteristics
of the PMD-100 chip, not as a decoder but
as an interpolation filter. Through the cour-
tesy of Madrigal Audio Laboratories, a
demonstration was mounted in which the
same Mark Levinson No. 30.5 D/A convert-
er was alternately fitted with an NPC filter
chip and the PMD-100. With conventional
recordings and precise level matching, the

The HDCD rendering

“weller.,” and both

the

and its timbre

PMD-100 exhibited a different high-treble
characteristic. Whereas the NPC filter had a
certain “glisten” or “edge” when presenting
choral voices and strings, this effect was ab-
sent when the Pacific Microsonics chip was
installed. In comparing the Apogee to either
of the HDCD-equipped D/A converters,
playing conventional recordings, the alter-
ation of treble was more pronounced and
was particularly apparent on the ride-cym-
bal figures common in jazz recordings. Po-
tential adopters of the HDCD technology,
particularly those with single-box CD play-
ers that are sometimes “bright,” should
carefully audition HDCD decoders to as-
certain that their performance on conven-
tional recordings suits their taste and sys-
tem characteristics. The HDCD-capable
converters I auditioned have, to my ears, an
inclination toward the mellow.

Given the current paucity of HDCD ti-
tles (and even if HDCD is wildly successful,
encoded discs will be a small fraction of the
total catalog for many years to come), the
issue of the rendering of conventional
recordings is certainly pertinent and largely



were allered.

a matter of personal taste. With regard to
HDCD itself, the issue is more clearly one
of performance. The record there might be
described as mixed, all puns intended.

A second Reference Recordings sampler
(RR-905CD) contains HDCD versions and
conventional Sony 1630 masterings of the
same performances. | examined two of
these, again by the all-digital method. The
spectrum of the opening 1.7 seconds of
“Lux Aeterna,” a choral work from tracks
12 and 13, is seen in Fig. 6. In this section,
peak levels nearly match, with the Sony
1630 version (orange curve) having a
slightly higher peak level (+0.24 dB), mea-
sured in LSBs. Observe that at 1 kHz, the
energy in the two versions closely matches,
but as the frequency rises, the curves di-
verge. By 9 kHz the HDCD version is 3 dB
down relative to the Sony 1630 version,
That difference is maintained to about 18

way foliceably

sustain of the piano

kHz, where the HDCD curve starts to rise
slightly; by 21 kHz it is up 1.7 dB relative to
the 1630 curve. This rise at near-ultrasonic
frequencies is probably due to dither noise.
Except for that rise, the signal spectrum of
the HDCD version of “Lux Aeterna” ap-
pears to have a substantial rolloff that be-
gins before 2 kHz (roughly three octaves
above middle C) and continues far into the
range of musical partials. Comparative lis-
tening with both HDCD and conventional
converters, as well as with two single-box
CD players, demonstrated that the spectral
difference was readily apparent in all cases.
On another pair of tracks from the Refer-
ence Recordings sampler, alternative mas-
terings of “Moonglow,” the HDCD ver-
sion’s peak level measures 0.4 dB higher at
the piano/percussion “hit” that begins the
track. I also found a rolloff similar, but not
identical, to the one on the “Lux Aeterna”
cut, as seen in Fig. 7. At 2 kHz, the energy in
the HDCD version is 0.1 dB below that in
the Sony 1630 version, descending to —2.6
dB at 6 kHz. After rising slightly, about 0.3
dB on average, the HDCD signal is again

E —Energy-versus-time plot
of the unprocessed 16-bit recording

e of the piano note, as depicted in

Figs. 9 and 10.
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down 2.5 dB at 13 kHz. As in the case of “Lux
Aeterna,” there is a sharp rise at extremely
high frequencies.

Once again, the difference in the spectra
of the two versions was easy to hear
through a variety of converters. Among the
discernible effects of the HDCD process
was an alteration in the timbre of the trum-
pet solo and a shift in the position of the pi-
ano. Apparent reverberation grew greatly,
and the position of the trumpeter moved
back with respect to the rest of the ensem-
ble. These effects were audible in both con-
ventional and decoded playback. A general
and further darkening of the sound field
occurred when the recording was played
back through an HDCD converter on four
otherwise entirely different systems.

In a demonstration conducted by Pacific
Microsonics with the “Moonglow” tracks, a
distinctly concave sound field was created
by the HDCD version: The horn ensemble
was forward and roughly at the longitudi-
nal axis of the speakers, while the trumpeter
seemed far to the back. The Sony 1630 ver-
sion did not exhibit this “warpage.” Al-
though an interesting presentation, the
HDCD “Moonglow” violates convention,
which usually has the soloist in front. The
measurable reduction in treble energy on
this recording is probably the prime cause
of the imaging changes relative to the stan-
dard track.

Another HDCD comparison is possible
between a European HDCD release of
Jimi Hendrix’s The Ultimate Experi-
ence (Polydor 517 235) and a conven-
tional, 20-bit-mastered domestic ver-
sion (MCA MCAD-10829). Detailed
analysis is confounded by both a speed dif-
ference (the HDCD being slower) and a po-

AUDIO/APRIL 1996
33

ICOUTIE SUSUCUUNT FOUUVIUUYE IIOUTTOUY DPOPTTOVIL POTDe
420

of the piano note, as depicted in

ig. 13—Energy-versus-time plot
} of the HDCD-encoded recording
j Figs. 9and 11.

larity inversion. In comparison to a third,
older version, The Essential Jimi Hendrix
(Reprise 9 26035), the HDCD release again
appears inverted but is of similar speed on
the track examined, “Gypsy Eyes.” Subjec-
tively, both the HDCD and the “20-bit”
CDs are substantial improvements over the
older release. The reason is unclear, but
there is a slight rolioff above 12 kHz, as well
a small bass boost, in the oldest version.

Right from the start, the HDCD render-
ing of “Gypsy Eyes” delivers a subjectively
startling presentation of Hendrix, whether
decoded or not. One reason is found in Fig.
8, which shows the peak levels, in LSBs, for
the first eight drum figures (a bass drum
and hi-hat combination in which the bass
drum naturally dominates the peak mea-
surement). The data was taken from the
balanced analog outputs of an HDCD-ca-
pable Proceed Digital Audio Processor
(D/A converter), converted again from ana-
log to digital by an Apogee AD-1000 run-
ning in 16-bit mode and transferred to the
computer. There were substantial differ-
ences in both peak and relative levels.

On the first beat (reading the difference
curve against the right-hand scale of Fig. 8),
the HDCD version is 2.3 dB higher than the
20-bit-mastered version. This dif-
ference grows to 3.3 dB on
the second beat,
drops by
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Fig. 14—Noise floors of
HDCD-encoded and unprocessed
16-bit recordings (purple and
orange curves, respectively).
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Fig. 15—Noise floors of decoded HDCD
and unprocessed 16-bit recordings
(purple and orange curves, respectively).

about 1 dB, and then climbs to a 4-dB dif-
ferential by the seventh event. The eighth
“hit” drops back to a 2.6-dB advantage for
HDCD. The increased level is probably one
reason for the subjective power of the
HDCD version of this track. Since the rela-
tive level keeps changing, it is impossible to
make a level-matched comparison.

If one thinks of the shapes of the 20-bit-
mastered and HDCD curves (which read to
the left-hand scale in Fig. 8) as musical in-
dicators, it is clear that there is a rhythmic
difference between the two versions. This is
most apparent at the second and seventh
events, but the overall shape of the curves is
also different. As to which of these is “cor-
rect,” the answer is unknowable: Both may
have been subjected to other processes. It
seems, however, that in the HDCD master-
ing the engineer may have taken advantage
of the “gain interplay” features of HDCD,
in effect using it creatively. The “oldest”
version of “Gypsy Eyes” (not shown) yield-
ed yet a third set of levels. The philosophi-
cally or musicologically inclined may wish
to ponder the question: What did drummer
Mitch Mitchell really play?

The Ultimate Comparison

As you probably have recognized by now,
analysis of existing commercial recordings,
even those released for formal comparison,
is fraught with difficulty. Needed is a stable
process in which known variables are con-
trolled. To that end, an HDCD encoder and
Pacific Microsonics personnel ventured to
New York City, where a superb recording
venue was rented and concert pianist
Jerome Lowenthal was again engaged. We
also obtained an exquisite 19th-century
Steinway concert grand, along with the ser-
vices of a concert-piano technician. A small
platoon of engineers with a large comple-
ment of equipment was in attendance,
along with me and both the Editor and
Publisher of Audio.

The purpose of the exercise was to obtain
directly comparable master recordings, all
fed simultaneously by the same micro-
phones and microphone preamplifier. Mas-
ter media comprised a Nagra 20-bit digital
recorder, an HDCD encoder feeding a 16-
bit Sony DAT machine, a Stellavox profes-
sional 16-bit DAT deck, and two analog
recorders, one a Studer 1-inch transport
with custom tube electronics designed by
Tim de Paravicini and the other a standard
Studer quarter-inch, solid-state model. (A
CD containing all versions of this compari-
son recording will be offered to Audio read-
ers in the near future for evaluation on their
own systems.)

I later made measurements comparing
the digital information in the HDCD-en-
coded and 16-bit Stellavox recordings.
(This was straightforward and avoided any
need to process a 20-bit recording.) In lis-
tening to the two recordings, I noted the
most marked differences at relatively low
levels, particularly when using the Apogee
D/A converter. With respect to the Stellavox
DAT, the HDCD rendering of passages in
the region of —20 dBFS was noticeably
“wetter,” and both the sustain of the piano
and its timbre were altered. The first im-
pression was similar to that created by the
“rolled-off” HDCD tracks on the Reference
Recordings samplers, particularly with re-
spect to the sense of greater reverberation.
In this case, however, no high-frequency
rolloff was apparent, as short-interval mea-
surements of the signals yielded essentially
similar spectra on typical events when ad-
justed for level.
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Refer to Fig. 9 for the likely solution to
the mystery. The upper pair of curves shows
the spectrum of the HDCD rendering of
the “heads” of two high treble notes (purple
curve) and just below it the DAT rendering
(orange curve). This event is “out in the
open” and sustains for about 1.75 seconds.
At all of the many points measured, there is
a 5-dB differential, £0.1 dB, which is rea-
sonably linear for the comparative devia-
tions of two separately recorded signals.

Now examine the lower pair of curves in
Fig. 9, the spectra of the “tails” of the same
event over a period of 330 milliseconds.
Here deviations at the peaks range from 9.5
dB at 1.25 kHz to 8.7 dB at 2.85 kHz. By 5.8
kHz the HDCD signal is into the noise
floor, which is about 5 dB above the DAT
noise floor until the HDCD dither starts
pushing it further up at about 16 kHz. (The
6-dB spike in that DAT signal at 18.3 kHz is
a recording artifact rather than part of the
signal.) What this indicates is that HDCD
raises the tails of musical events dynamical-
ly and probably introduces a time-varying
frequency and amplitude response. Implied
by this behavior is the ability to distinguish
signal from noise, which might possibly be
done by autocorrelation. In any case, this

HDCD is the

and abvious of the

coplhesceneteneeniiiiiiiiaiicnnnen

example shows that HDCD encoding mate-
rially alters signal dynamics in audible
ways. Listeners are invited to decide for
themselves if this is an acceptable trade-off
for the claimed HDCD benefits.

Figures 10 and 11 are full “three-dimen-
sional” (time, frequency, and amplitude)
spectrograms of the straight 16-bit DAT
and HDCD versions of the entire event. You
can see the tendency of HDCD to lengthen
and strengthen the tails of the partials. The
partial at 5.8 kHz, for example, is about a
quarter of a second longer in the HDCD
recording than in the unencoded DAT
recording. Substantial increases in the low-
level partials are also evident; locally, these
variations can exceed 10 dB between the
two signals.



The energy-versus-time plots (all fre-
quencies summed) corresponding to Figs.
10 and 11 are shown in Figs. 12 and 13. In-
terestingly, there is little difference except in
the tails. Without knowing the behavior of
HDCD, one might attribute the fattened
tail on the plot to the roughly 5-dB differ-
ence in large-signal amplitude.

Decoding does improve HDCD’s behav-
ior. The curves in Fig. 14 show the relative
quiescent noise performance of undecoded
HDCD and the straight 16-bit recording. In
this condition, HDCD’s measured noise is
clearly higher (typically between 5.7 and 4.5
dB from 3 1o 5 kHz and dropping slightly,
to between 4 and 5 dB, from 7 to 15 kHz, af-
ter which the floor rises because of HDCD’s
dither). But since HDCD’s companding ac-
tion raises the recorded level by about 5 dB
at low to moderate inputs (20 dBFS or be-
jow), an undecoded HDCD disc can still
have a signal-to-noise ratio roughly equiva-
lent to that of the conventional 16-bit
recording.

The curves in Fig. 15 indicate the com.
parative noise levels for the same recordings
but with the HDCD segment decoded. This
data was captured by taking the balanced
analog output of the Proceed D/A converter

Mosl ageressive

processes examined.
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and taking it back to digital with an Apogee
AD-1000 A/D converter operating at 16
bits. (To keep the Apogee converter's own
noise from confusing the measurement, |
used its gain controls to raise the input lev-
el about 13.5 dB.) The curves show the qui-
escent noise of decoded HDCD is below
that of the straight 16-bit recording, which
suggests that the process is providing some
noise-reduction effect. But whereas the un-
decoded HDCD signal was 5 dB above the
straight 16-bit level, the decoded HDCD
signal is 1 dB below the 16-bit when mea-
sured at the same point. Although the sig-
nal level swings 6 dB between the two for-
mats, the noise level drops somewhat less.

At 4 kHz the noise of HDCD is about 4 dB
lower than the straight 16-bit; at 5 kHz this
difference grows to 5 dB in favor of HDCD
and then drops to about 4 dB until 11 kHz,
where it again approaches 5 dB. Even given
potential differences introduced by the de-
code to analog and return to digital, it does
not appear that HDCD provides a large
noise advantage over conventional 16-bit
recording on this program material, even
with an exceptionally quiet source such as
that provided for the test recordings.

The significance of that fact becomes ev-
ident when you consider that the test
recordings are substantially quieter than
any material yet released in HDCD. This
implies that HDCD is not getting much
closer to true 18- or 19-bit equivalent per-
formance than the noise shapers. At least in
part, that is because HDCD is no more able
than other processes to overcome the limi-
tations of hall, microphone, and micro-
phone preamplifier noise.

The Boltom Line

It is clear that HDCD encoding audibly
changes the spectra and envelopes of piano
tones. Decoding the signal largely elimi-
nates this problem, however, which is to say
that the levels within spectral peaks on the
heads and tails of notes are the same (with-
in about 0.5 dB) in decoded HDCD record-
ings and conventional digital recordings of
the same passages. Examination of the
spectrograms for the two signals
also reveals much greater simi-
larity after decoding of the
>  HDCD version. (These
spectrograms are not
shown because the dif-
ferences are so small that they would prob-
ably be obliterated in reproduction.)

Decoded or undecoded, HDCD has a
signature sound, some portion of which is
attributable to the encoding process, the
rest to the decode side and, particularly, to
the sound of the digital filter incorporated
in the HDCD chip. Perhaps this character-
istic follows from a certain reverence for
analog on the part of HDCD’s designers. Of
all the processes examined, HDCD is the
most aggressive and obvious in operating
on the incoming signal. Pacific Microsonics
undoubtedly would say that such opera-
tions are necessary to overcome the limita-
tions of the digital medium. There is no
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clear evidence to support such a claim,
however, at least in the test recordings or
other material currently available, and the
nature of the process raises other issues.

In particular, there is the matter of unde-
coded playback. The way in which HDCD
operates on a piano signal has strong musi-
cal implications. The rate of sustain, which
is altered by HDCD in the example present-
ed, has been the subject of intense develop-
ment by piano makers for two centuries or
more. The “singing” quality for which some
pianos are renowned emerges during sus-
tain, and artists modify sustain through
subtle manipulations of the piano’s pedals.
Measurable modification of sustain, what-
ever its motive, is not likely to yield a faith-
ful reproduction of either the instrument
or its use by artists who create refined per-
formances in any genre.

The effect seen and heard on the grand
piano is probably not confined to it. Any in-
strument that continues to sound after it is
struck—be it a plucked string on a violin or
guitar, a drum, a cymbal, or a vibraphone—
has a characteristic decay that is probably
susceptible to modification by HDCD.
When altering such signals, the process also
modifies the associated reverberation. That
may possibly account for at least some of
the tendency for HDCD recordings to
sound “wetter” than conventional record-
ings. For those who prefer a recording style
built around large spaces and a relatively
distant perspective or who believe analog
recordings are somehow “richer” than digi-
tal recordings, HDCD may well be deemed
an aural success. If, however, the criterion is
accurate reproduction of a musical event,
then HDCD’s signal-processing operations
are less successful, particularly when they’re
not decoded.

Most remarkable, though, are the wide
spectral variations evident among various
recordings that are all claimed to represent
“good” sound. The 15-kHz energy found in
the cymbals on the Super Bit Mapped Sony
Mastersound Kind of Blue and the HDCD
version of “Moonglow” might easily differ
by 15 dB or more. Digital technology is
clearly being used to serve greatly varying
aesthetic objectives and preferences. And if
SBM and HDCD represent the future, or
perhaps alternative futures, the traditional
canons of recording and high fidelity are in
need of revision.



EQUIPMENT Hads{ela|N

EDWARD J.

FOSTER

HARMAN KARDON
CITATION 7.0
A/V PREAMP/PROCESSOR

Harman Kardon has been in
troducing some impressive
products in its upscale Citation
line, the flagship of which is the
Model 7.0 A/V preamp/sur-
round processor. According to
the company, the 7.0 is the cul-
mination of more than three
years of intensive research and
development and incorporates
the most recent versions of Jim
Fosgate’s movie and music modes. Among
these Fosgate innovations is a new “six-

axis” technology, which derives a pair of
stereo-like surround channels from Dolby
Surround’s mono surround track. Fosgate,
for those who may not know, championed
surround sound well before there was such
a thing as Dolby Surround and, over the
years, developed a number of highly ac-
claimed surround sound processors under
the Fosgatee Audionics label.

The Citation 7.0 is so novel that I don’t
expect to be able to describe it fully here.
The owner’s manual runs some 125 pages,
which gives you an idea of its complexity.
Fortunately, it is well written, and the 7.0’s
microprocessor and on-screen menus are
designed adroitly enough to make the sys.
tem usable in reasonably short order—even
if mastering its potential takes some time.

The 7.0 accepts eight audio/video inputs.
Four connections can be in S-video or com-
posite-video form; the remaining four
video connections are in composite form
only. You can record composite- or S-video
signals on two recorders, and both main
and auxiliary video outputs also are carried
on composite- and S-video jacks. In addi
tion to stereo audio feeds for each recorder,
there are line-level outputs for the main
front and center channels, for stereo and
mono subwoofers, and for two sets of sur-
round channels (side and rear). If Citation’s
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Dual-Drive dipole speakers are used in the
surround channels, both sets of surround
outputs are used, and the speakers switch
between bipole and dipole operation under
the 7.0’s control. Which outputs are active
and which are not is determined during ini-
tial setup, when the microprocessor is pro-
grammed. On the rear panel are 42 gold-
plated RCA jacks for the audio and
composite-video inputs and outputs; the S-
video connectors are base metal. A calibra-
tion microphone, supplied with the 7.0,
plugs into a rear-panel jack.

Three trigger outputs are provided: One
to control room lighting, another to raise
and lower a projection screen, and a third to
activate compatible Citation power ampli-
fiers. (Interface boxes are usually required
to control screen motors, room lighting, et
al.; the necessary switching interfaces are
built into some Citation power amps.) The
projection-screen trigger can be pro-
grammed to activate whenever the Citation
7.0 is on or only when specific inputs are se-
lected. A “Custom Install” menu (which
contains specialized commands for com-
plex programming of trigger signals) is
provided but is accessible only to specially
trained dealers and instaliers. An RS-485
bus jack provides an expansion port for
such options as multiroom controllers and
external multichannel digital audio de.
coders, which Citation may introduce in
the future.

The Citation 7.0 has two power switches:
a master switch on the rear panel, which is
normally left on, and an activating switch
on the front, which brings the system to life.
Although the 7.0 can be operated from its
seven front-panel buttons (which select
surround mode and source, raise and lower
volume, and toggle muting on an off), op-
eration is easier from the remote. With the
remote, you can call up any of the eight
sources, the eight factory-set surround
modes (Dolby Pro Logic, THX, “70 mm,”
Dimensions: 17" in. W x 5% in. H x lm

in. D (44.5cm x 13.3cm x 36.8 cm).

Weight: 18 Ibs. (8.2 kg).

Price: $3,950.

Company Address: 26046 Eden Land-
ing Rd., Suite 5, Hayward, Cal. 94545;
800/787-6766.
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Details, details...

Every detail of THIEL loudspeakers, from the shape of the driver diaphragms to the construction of the
form-follows-funct on cabinetry, is thoroughly engineered with innovative design techniques and

premium materials to provide the highest level of sonic realism and an extraordinary musical experience.

_——
i hletl Oak Whilie €k w..l.m: 1tha k Wenel
- = . - — ¥
S i |
T s, ey - w
- = 4 1 - 1y 1 R ey
. ‘\2.51 1

For music and home theater sound systems.
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Amibxerworxd Dark Cherry Revsewonnd Mosain

From left to right: SCS2, CS1.5, CS3.6,
CS5i, CS7, CS2 2, CS.5. Priced from
$1,350 to $12,300 per pair

THIEL speakers are careiully hand crafted in these and
other custom finishes from the world’s finest woods.

THIEL

Ultimate Performance Loudspeakers

Call or write for our 32-page full-line brochure, review reprints, and the name of your necrest THIEL dealer.
THEEL » 1026 Nandino Boulevard, Lexington, Kentucky, 40511 « Telej hone: 606-254-9427
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chooses between center-normal
and center-wide operation, and en-
ables you to boost center-channel
level by 4 dB.

The remote’s “Venue” button
controls surround-channel DSP.
Your choices are “Night Club,”
“Cinema,” “Concert Hall,” “Stadi-
um,” and a “Custom Venue” mode
that you can configure. The re-
mote’s “Panel Dim” key turns off
the front panel’s vacuum-fluores-
cent display and its steering-logic
and input-level indicators. The dis-
play wakes up for a few seconds
when you press any remote-control

20k key and then goes back to sleep.
The owner’s manual refers to
some of the remote’s controls as
“direct access functions,” since
each of these buttons performs a
specific function. Other buttons on
the remote are referred to as “menu
call functions,” which bring up
menus, and “navigational con-

FREQUENCY — Hz

Fig. 3—Effects of bass
boost and “High EQ” and
response of subwoofer
oufput,

“6-Axis,” classical, “Jazz,” “Rock,” and
“Mono”), and four surround modes that
you can configure. Needless to say, the re-
mote controls power, volume, and muting.
It also permits you to revert the system to
factory parameters (“Reset”), switch in
equalization, and disable surround process-
ing (“Stereo Only”). For equalization, your
choices are “Bass EQ” (in four steps) and
“High EQ” (THX-like front-channel re-
equalization for use in modes other than
Home THX).

The remote has a switch for a sibilance
filter (“SIB. Filter”), which reduces leakage
of center-channel dialog to the surround
channel, and a panorama circuit (“PAN.”),
which widens the soundstage and creates a
wraparound effect. (Neither function is
available when you're using Pro Logic or
Home THX processing.) A “Center Speak-
er” button turns that channel on and off,
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I trols,” which you use when you’re
making choices. Four of the navi-
gational controls are directional ar-
| rows that move an on-screen cur-
sor. Another, “Select,” lets you
choose control options or advance
to the next menu level. “Cancel”
aborts changes to the current
menu, and “Exit/OK” confirms a se-
lection and exits the current menu.
Of the remote’s four menu call buttons,
“System Setup” is of primary importance.
Using its menus and submenus, you can
program the microprocessor for the sizes
and types of all your loudspeakers, the
number of subwoofers you have in your
system, whether you’re using a center-chan-
nel speaker, whether you have one or two
sets of surround speakers (and whether
they’re direct radiators, Home THX
dipoles, or Citation’s Dual Drive types),
and so forth. With the second option in the
“Speakers” menu, you can calibrate and
balance levels automatically or manually.
The third option calls up submenus for in-
structing the microprocessor how far your
listening position is from the center speaker
and each surround speaker. Based on the
information you’ve entered, the Citation
7.0 automatically sets itself up for your
viewing room and speaker arrangement.
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So far, I've discussed only the first level of
the “System Setup” menu; I'll not discuss
the other options in such detail. Suffice it to
say that the “Video CONFIG” menu selects
the way video is routed from the 7.0 to your
TV, while other menus enable you to per-
sonalize the system with your name and to
lock and reset settings. You can check the
setup status on-screen by tapping “System
Setup” once and exiting the menus without
changing them.

With the remote’s “Options Set” menu
button, you can review such settings as how
the two record output circuits are set up,
which video output (or both) will carry the
on-screen messages, the front-panel dis-
play’s brightness level and time-out period,
and the volume level at power on. You can
change the options as desired and even de-
feat the subwoofer output if you don’t want
to use your subs when you’re listening in
stereo.

The remote’s “Source Edit” menu button
lets you check and customize the settings
automatically selected for each input
source. It gives you control over input level
and balance, each adjustable manually or
automatically. You can choose to display
on-screen warnings, select the background
color for on-screen displays, configure and
customize the projection-screen trigger for
each source, and customize the name of
each source.

THIS IS A PROCESSOR
AS MUCH FOR
MUSIC CONNOISSEURS

ASIT IS FOR
CINEMA AFICIONADOS.

The remote’s final menu call button,
“SURR. Mode Editing,” is covered in the
manual’s “Advanced User Operation” sec-
tion. I think I'll let you find it there yourself,
because fully describing its possibilities will
open Pandora’s box. With these menus you
can program the surround DSP almost
from scratch and adjust it for room type,
size, and acoustical brightness and reflectiv-
ity. You can choose among low-pass filter
cutoffs for the surround channel and even
change the speed of the steering logic. For-
tunately, the manufacturer tells you how
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Fig. 5—THD + N vs. output.

the system is set when it leaves the factory,
which gives you a road map if you find
you’ve strayed too far.

Measurements

I tested the Citation 7.0 rather fully in its
stereo and Dolby Pro Logic modes but
checked only surround-channel noise in
the other surround modes. For the most
part, the readings in “Measured Data” and
in the graphs were taken on the left chan-
nel, with the factory settings for gain and
seating distance. Except for the test of sub-
woofer frequency response, I set the system
up as if no subwoofer were used. I switched
the center channel to the appropriate mode
for each particular test I was running and
set up for Home THX dipole speakers in
the surround channels. The volume was set
to “48,” the Home THX reference point.

Frequency response in stereo is shown in
Fig. 1. I have no explanation for the stair-
case-like curve shapes (especially noticeable
on the right channel). But even worst-case
response within the audio band, for the
right channel at 20 Hz, is up less than a
decibel, which I guess is reasonable. The -3
dB points are well beyond the audio band,
below 10 Hz (the bass limit of the measure-
ment) and at 130 kHz.

Figure 2 shows frequency response in
Dolby Pro Logic mode, plotted on the same
scale as Fig. 1. The response of the left front

you can see the effect of “Bass EQ”
when it’s set to its four boost op-
tions (+3, +6, +9, and +12 dB).
There’s a close match between the
settings and the maximum boost each set-
ting yields. However, each 3-dB increase in
boost slightly raises the frequency at which
the boost peaks, too. I expect this is pur-
poseful, since it’s dangerous to apply exces-
sive boost in the infrasonic region.

In Fig. 3, I've included a frequency re-
sponse curve taken with “High EQ”
switched in. This setting is automatically
activated when Home THX processing is
selected but can also be applied when the
7.0 is in other surround modes. The curve
meets Home THX re-equalization stan-
dards reasonably well, although its initial
slope could be somewhat steeper. I have
also included the response taken at the sub-
woofer output; it is down 3 dB at 60 Hz and
is about -8 dB at 80 Hz. As the THX stan-
dard demands, the curve has a slope of 24
dB/octave.

Figure 4 shows total harmonic distortion
plus noise (THD + N) versus frequency, in
Dolby Pro Logic mode. This set of curves
was taken using a 1.5-volt input and a vol-
ume setting of “48.” I also ran curves using
a 0.5-volt input and a volume setting 12 dB
higher. The THD + N was higher in the
front channels with the lower input level
and the higher volume setting but was low-
er in the surround channels. However, since
the readings at the high volume setting were
more noise than distortion, I have not in-
cluded those results. Either way, distortion
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in the front channels is unusually low for a
Pro Logic processor.

I measured distortion versus output at 1
kHz, using various volume settings. It soon
became clear that the maximum output
level was limited by input overload, not by
output-stage clipping, and that all channels
overloaded at pretty much the same point.
Thus, Fig. 5 reflects performance with the
volume set to maximum but does not in-
clude a curve for the center channel. Obvi-
ously, there’s more than enough output to
drive even the least sensitive power amplifi-
er into clipping.

With the factory gain settings, input
overload occurred at 2.27 volts, which is
typical of many processors. Although this
level is usually considered adequate, it’s ac-
tually somewhat marginal because the D/A
converters in some new laserdisc and CD
players put out more than the standard 2
volts. This need not be a concern with the
Citation 7.0, however. I found that if I re-
duced the input gain (a function available
on yet another menu), the 7.0 could accept
nearly 4.5 volts before running into trouble;
that’s more than enough for any current
source.

Input impedance was adequate, and out-
put impedance at the main front terminals
and recording outputs was nice and low.

I’'VE NEVER HEARD
A PRO LOGIC PROCESSOR
THAT COULD

SEPARATE SOUNDS
SO BELIEVABLY.

Spectrum analyses (not shown) unearthed
power-line-related components at 60 and
180 Hz, but they were quite low. Over most
of the spectrum, there was only white noise;
there was also a noise spike at 100 kHz, pre-
sumably related to the digital sampling rate.

On an A-weighted basis, noise was ap-
proximately 83 dB below the 0.5-volt refer-
ence in all channels. Since typical power
amps reach full output with an input of
about 1.5 volts, you can count on a usable
system dynamic range of about 93 dB. The
Citation’s own dynamic range, referenced
to its maximum output, approached 110
dB! The A-weighted noise in the surround
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channels was 2 to 3 dB higher with the “70
mm,” “6-Axis,” “Jazz,” and “Rock” settings
than in the Pro Logic or THX modes.
Steady-state channel separation at 1 kHz in
Pro Logic mode averaged about 43 dB; that
average would have been better but for a
leakage of -21.7 dB from the surround
channel to the right front.

Use and Listening Tests

It may seem strange to speak of the Cita-
tion 7.0 first as a surround processor for
music, but when I hear one of Jim Fosgate’s
creations, I never fail to be awed. What [
find most impressive about his algorithms
is how unimpressive they are—until you
turn them off! It’s easy these days to pro-
gram a DSP system to wow people with a
hot demo of an all-enveloping soundstage.
But live with such a DSP system for a while,
and the wow will probably wear off.

I don’t want my head inside Itzhak Perl-
man’s violin (it wouldn’t fit), nor do | want
to live in a piano (much as I like its sound).
I want to be in the audience. | want the per
former in front of me, not surrounding me,
and I want a natural and believable sense of
ambience. This is precisely what the Cita-
tion 7.0 creates in its classical music mode.
It provides a solid front image and a re-
markably natural hall acoustic. Even the
“lazz” and “Rock” modes are not overly ag-
gressive. (Unlike the classical mode, by the
way, they use the center channel.) When the
Citation 7.0 was in my home theater, [ be-
gan listening to music in the various sound-
field modes for the sheer enjoyment of it.
Normally, I take my music in straight
stereo, thank you, and in my listening
room, not in my theater.

Some readers will view the Citation 7.0
primarily as a processor for home theater
rather than for music. There’s nothing
wrong with that; it does a remarkably fine
job for both. It’s not a system that knocks
you off your chair but, rather, one that re-
veals subtleties other Pro Logic and Home
THX decoders miss. I’ve not heard another
Pro Logic processor distinguish the rain-
drops hitting Gene Hackman’s umbrella
from the surrounding downpour (Crimson
Tide) as well as this one does. (AC-3 does it
better still, but relatively little material is
available in that format yet.) Nor have I
heard others that can separate left-side heli-
copter flyovers from right-side flyovers
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quite so believably as this one (Clear and
Present Danger). Why is the 7.0 superior?
I’'m really not sure, but I suspect it has to do
with the speed of Fosgate’s steering logic.
Whatever the reason, the results are terrific!

The Citation 7.0 is a surround processor
designed as much for the music connois-
seur as for the movie aficionado. Its subtle-
ty is unsurpassed, its surround effects the
most natural I've heard short of a true dis-
crete-channel system. The Citation 7.0 gets
my citation for excellence and rides high on
my recommended list. A

Maximum Gain, Stereo Mode: 14.3 dB.

Gain to Recording Output: —-0.16 dB.

Input Overload: With factory settings,
2.27 V; maximum, 4.5 V.

Output at Clipping, 1 kHz: Stereo, 9.85
V; Pro Logic, more than 9.65 V for all
channels. ‘|

Frequency Response, Stereo Mode: 20
Hz to 20 kHz, +0.26,—0 dB (-3 dB be- |
low 10 Hz and at 130 kHz).

Frequency Response, Pro Logic Mode:
Main front channels, 20 Hz to 20 kHz,
+0.12, -0 dB; center channel (wide
mode), 20 Hz to 20 kHz, +0.35 dB;
center channel (normal mode), -3 dB
at 110 Hz; surround channels, -3 dB
at 7.5 kHz; subwoofer output, -3 dB at
60 Hz.

THD + N, Stereo Mode: Less than
0.0133%, 20 Hz to 20 kHz.

THD + N, Pro Logic Mode: Main front
channels, less than 0.0135%, 20 Hz to
20 kHz; center channel, less than
0.03%, 100 Hz to 20 kHz; surround
channels, less than 0.867%, 100 Hz to
7 kHz. |

A-Weighted Noise re 0.5 Volt, Stereo
Mode: -83.2 dB.

A-Weighted Noise re 0.5 Volt, Pro Logic
Mode: Main front channels, —83.2 dB;
center channel, -83.4 dB; surround
channels, -82.9 dB.

Channel Separation: Stereo, greater
than 46.3 dB, 100 Hz to 10 kHz; Pro
Logic, 43.16 dB at 1 kHz (average),
21.7 dB at 1 kHz (worst case).

Input Impedance: 16.6 kilohms.

Output Impedance, Left Front and
Record Outputs: 300 chms.
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HAFLER
TRANS-NOVA 9505
AMPLIFIER

he Trans-Nova circuit design goes
back to about 1984, when it was in-
troduced by Acoustat (later bought
by Hafler) in two solid-state power
amps (the Models TNT120 and
TNT200). “Trans-Nova” is a con-
traction of Transconductance Nodal Volt-
age Amplifier (U.S. Patent No. 4,467,288).
When I first examined the circuits for these

Rated Power Output: 250 watts per
channel into 8 ohms, 375 watts per
channel into 4 ohms.

Dimensions: 19 in. W x 5% in. H x 12%
in.D(48.3cmx 13.3cm x 31.8 cm).

Weight: 50 lbs. (22.7 kg).

Price: $2,200.

Company Address: 613 South Rockford
Dr., Tempe, Ariz. 85281; 602/967-
3565.

For literature, circle No. 91

amplifiers, | was most impressed with the
topology of the output stage. Other aspects
of the original circuit design were quite ele-
gant also.

The 9505, a third-generation Trans-Nova
design, is aimed primarily at the profes-
sional audio market.
It is the larger of two
otherwise similar pro
models and is rated at
250 watts per channel
into 8-ohm loads.
(The smaller 9303,
rated at 150 watts per
channel into 8 ohms,
is priced at $1,300.) A
reasonably sized package for its power out-
put, the 9505 has a front panel graced by a
single on/off rocker switch. An indicator in
the switch glows when the amp is turned
on. Both balanced and unbalanced input
connectors are provided on the rear panel.
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THE 9505 USES
THE THIRD GENERATION

OF HAFLER’S IMPRESSIVE
TRANS-NOVA CIRCUIT.

The interesting XLR connectors will ac-
commodate either the usual mating XLR
connector or a Y4-inch phone plug. Speaker
connections are made via two pairs of five-
way binding posts. Three recessed slide
switches select balanced or unbalanced in-
put mode, stereo or mono (bridged) opera-
tion, and connection or disconnection of
the chassis to the third-wire ground. The
AC line connection is via an [EC socket and
mating power cord.

Inside the 9505 is a main p.c. board in a
“C” shape, oriented with its long side to the
rear. A large, rectangular, Ul-lamination
power transformer is situated in the open-
ing of the p.c. board. The main filter capac-
itors for each channel are mounted on the
short sides of the board, adjacent to the
heat sinks. All of the input connectors and
slide switches on the rear panel are mount-
ed to the rear portion of the p.c. board. This
is the first power amplifier I've seen that
uses surface-mount parts for most of its
signal circuitry and the low-power parts of
its power supply.

If one considers the power supply as part
of an amplifier, the standard “half-bridge”
output-stage topology is actually a full
bridge, consisting of four elements. These
elements are the two output devices (or the
equivalent, where multiple devices are par-
alleled for more power-handling capacity)
and the positive and negative power sup-
plies. In the usual arrangement, the center
point of the power supplies is grounded,
and the load is connected between this
ground reference point and the midpoint
between the two output devices. In most
designs, these output devices are driven as
followers, with their input driving voltage
slightly higher than
the output voltage.

In the Trans-Nova
design, the load is still
connected between
the same two points
in the bridge. What’s
radically different is
that the Trans-Nova
uses the midpoint be-
tween the output devices as its ground ref-
erence and lets the center tap of its power
supply move with the signal. In this
arrangement, the output devices (MOS-
FETs in the 9505) are operated as common-
source amplifiers with voltage gain, and

Photos: Michael Groen
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Fig. 1—Frequency
response.

Fig. 2—Square-wave
response for 10 kHz into
8 ohms (top), 10 kHz into
8 ohms paralleled by 2 pF
{middle), and 40 Hz into
8 ohms (bottom).

their input driving signal is referenced to
ground. The input signal required is much
smaller, so the front-end driving circuitry
can be operated from a much lower supply
voltage than that needed for the output
stage. As the 9505’s excellent owner’s man-
ual points out, the output stage’s voltage
gain gives this stage approximately 10 times
the power gain of a conventional follower
circuit using exactly the same MOS-FET
devices.

Negative feedback is taken from the out-
put point back to the input gates of the
MOS-FETs. This inverting feedback con-
verts what would be a high-impedance in-

put to a low-impedance input. In

Ao other words, the output stage has

been made into a transimpedance

stage, or current-to-voltage con-

verter. This stage is fed by the driv-

L) er circuitry, which is configured as

the output stage’s complement, a

voltage-to-current (or transcon-
ductance) circuit.

The driver stage is a newly de-
veloped circuit, DIABLO (Dynam-
ically Invariant A-B Linear Opera-
tion), that is designed to provide
up to 14 dB greater headroom

200k

than the usual Class-A driver
stage. This extra headroom is
needed because the output stage
has four pairs of MOS-FETs per
channel, used in their common-
source mode. The appreciable in-
put capacitance of this arrange-
ment calls for a driver stage that
has more output current at high
frequencies than the usual Class-A
stage, with its limited 2-t0-1 ratio
of peak to quiescent current, can
provide. To get around this limita-
tion, the DIABLO circuit uses a
complementary common-base
first stage, direct-coupled to a
complementary cascode-connect-
ed second stage.

At the input of the 9505, the
phases of the signal are each
buffered by a discrete circuit that
consists of an N-channel J-FET
source follower with a bipolar cur-
rent source. This is coupled into a
complementary bipolar emitter
follower. Grounding one phase of
this buffer input changes the input

from balanced to unbalanced; the bal

anced/unbalanced switch merely un-
grounds (or grounds) the negative input
phase for balanced (or unbalanced) input
configuration. For bridged operation, the
stereo/mono switch establishes an inverted-
polarity signal path from the left channel’s
input (which doubles as the mono input) to
the right channel’s. An op-amp servo cir-
cuit monitors the amplifier output’s DC
level and applies any error to the ground
end of a signal-voltage divider that feeds
the positive input of what | consider the
power amplifier proper (i.e., everything
that follows this buffer).
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As is often the case, the amplifier proper
is embedded in a four-resistor, differential-
to-single-ended circuit that incorporates
two voltage dividers, one for each signal
phase. The input of the power amplifier
proper is a differential amplifier using a
matched pair of N-channel J-FETs. The
J-FETS’ sources are connected to a bipolar
current source whose drain outputs are
coupled to a bipolar current mirror. One of
the differential amplifier’s outputs is direct-
coupled to the input of the driver stage.

THE MORE | USED
THE TRANS-NOVA 9505,
THE MORE 1 LIKED

ITS HIGH RESOLUTION
AND SMOOTHNESS.

Overall negative feedback is taken from the
output to the inverting input of this differ-
ential amplifier.

The power transformer is somewhat un-
usual, having separate primary and sec-
ondary windings for each channel; each of
the long sides of the transformer’s Ul core
carries one such primary-secondary pair.
This reduces the capacitive coupling be-
tween the high-current secondary windings
as they move with the signal in respect to
ground and to each other.

Measurements

The test results cited here are for the left
channel with unbalanced input. Any signif-
icant departure, for the right channel or
balanced input, is noted.

Frequency response for open-circuit,
8-ohm, and 4-ohm loading at a nominal
level of 2.83 volts (1 watt into 8 ohms) is
plotted in Fig. 1. Bandwidth is very wide;
further, the curves are very close together
over the audio range, indicating a very low
output impedance and consequent high
damping factor. Rise and fall times mea-
sured 1.1 microseconds for an output level
of £5 volts into 8 ohms, yielding an equiva-
lent bandwidth of about 318 kHz. Square-
wave response is shown in Fig. 2. For 10
kHz (top trace), rise time is sharp and fast.
The addition of a 2-microfarad capacitor
across the 8-ohm load (middle trace) caus-
es ringing, typical of most solid-state am-
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plifiers. The absence of tilt in the low-fre-
quency trace (bottom) is indicative of ex-
cellent, extended infrasonic response.

Figure 3 shows total harmonic distortion
plus noise (at 1 kHz) and SMPTE inter-
modulation distortion versus power. With
the balanced inputs (not shown), THD + N
was about the same as seen in Fig. 3, but IM
distortion was a third to a half as much
from 10 to 400 watts. Figure 4 shows THD
+ N versus frequency for low, medium, and
high power into 4 ohms. Spectrum analysis
(not shown) revealed that the second har-
monic was the dominant distortion com-
ponent over much of the power output
range. When the second harmonic is domi-
nant, harmonic distortion level is relatively
constant with change in output, as can be
seen in Figs. 3 and 4.

With the unbalanced inputs, crosstalk
was more than 100 dB down up to 2.5 kHz;
there was remarkable similarity between
the right-to-left and left-to right directions.
Crosstalk then increased at 6 dB/octave,

10k 20k

reaching —86 dB at 20 kHz. With
the balanced inputs, the symmetry
between directions was not as
good; the amount of crosstalk was
some 2 to 10 dB worse, depending
on frequency and direction.

For the 9505’s balanced inputs,
common-mode rejection ratio
(CMRR) rose by approximately 6
dB/octave over the audio range. It
started at 106 and ~110 dB at 20
Hz for the left and right channels,
respectively; it ended up at —54
and -60 dB at 20 kHz.

Output noise levels for the right
(worse) channel were 314 micro-
volts wideband, 252 microvolts
from 22 Hz to 22 kHz, 131 micro-
volts from 400 Hz to 22 kHz, and
130 microvolts A-weighted. The
results for the left channel were
about 10% to 20% better. The
unit’s A-weighted signal-to-noise
ratio was —88.2 dB for the left
channel and -86.7 dB for the
right, relative to a 1-watt output
into 8 ohms. The noise was satis-
factorily low, mainly hum compo-
nents induced by power-trans-
former flux. (There was also some
audible mechanical hum emanat-
ing from the transformer.

Output impedance was very low in both
channels. Damping factor, referred to 8
ohms, was 670 from 20 to 500 Hz, decreas-
ing to 615 at 1 kHz and to 100 at 20 kHz.
Voltage gain into 8-ohm loads was slightly
greater than 28.7 dB.

In the test of dynamic power, the 9505
produced 390 watts into 8 ohms at the be-
ginning of the tone-burst signal and 380
watts at its end; dynamic headroom was 1.9
dB. For 4-ohm loads, output was 666 watts
at the start of the burst and 648 watts at its
end, corresponding to a dynamic headroom
of 2.5 dB. Maximum undistorted output
into a 1-ohm load with one channel driven
was 48 volts at the start of the burst and 44
volts at its end, equivalent to peak currents
of 48 and 44 amperes, respectively.

Power attainable at the visual onset of
clipping was 345 watts into 8 chms and 553
watts into 4 ohms. Clipping headroom was
therefore 1.4 and 1.7 dB, respectively.

The 9505’s AC line draw was about 2 am-
peres. The current remained quite constant
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from cold turn-on to the point where the
amplifier became quite hot during the pow-
er tests; this indicates excellent output-stage
thermal stability.

Use and Listening Tests

During the review period, the equipment
in my system included an Oracle turntable
fitted with a Well Tempered Arm and an
Accuphase AC-2 moving-coil cartridge,
used with a Vendetta Research SCP-2C pre-
amp. A Counterpoint DA-11A CD trans-
port drove a Museatex Bidat or a Sonic
Frontiers SFD-2 MK1I D/A converter. Addi-
tionally, a Genesis Digital Lens jitter-reduc-
ing device was placed between the CD
transport and the D/A converter. Other
program sources were Nakamichi’s ST-7
FM tuner, a Nakamichi 250 cassette
recorder, and a Technics 1500 open-reel
recorder. | used a Forssell balanced tube line
driver with the Sonic Frontiers D/A con.
verter and a Quicksilver preamp with the
other components. Power amplifiers on
hand were a Crown Macro Reference, a pair
of Quicksilver M135s, an Arnoux 7B digital
switching design, and a JoLida S] 302A inte-
grated tube unit. Loudspeakers used in the
tests were B&W 801 Matrix Series 3s, each
of which was augmented from 20 to 50 Hz
by a subwoofer.

The Hafler Trans-Nova 9505 impressed
me right away with its smooth presenta-
tion. The more I used this amplifier, the
more I liked it. I found its ability to deliver
excellent resolution and detail, without
producing much edginess or irritation, en-
dearing. Space, dimension, and air were ex-
cellent, as were tonal balance, bass defini-
tion, and impact.

“Resurrection,” track 6 of Bourbon &
Rosewater (Waterlily Acoustics WLA-CS-
47-CD), yielded a sound so sweet, clear, and
realistic that it was hard to imagine it
sounding better. Similarly, on Mendels-
sohn’s “Die Tageszeiten,” track 7 of The
Times of Day (Reference Recordings RR-
67CD, an HDCD-encoded disc), the sound
of an orchestra playing and men singing in
a chorus was very palpably present.

Both in the lab and in my listening room,
the Hafler Trans-Nova 9505 behaved just
about flawlessly. I liked it very much. And
although ! didn’t audition the less powerful
9303, 1 expect its sonic character is very
similar to the 9505's. A
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NSM
10S SPEAKER

r. Erol Ricketts has received many

awards as an expert in urban pover-
ty and public policy (about which
he’s written a book) and the spread
of venereal disease and AIDS. And
since 1991, he’s been president of
NSM Loudspeakers, a high-end company
he founded and named after his children,
Nsombi, Sekou, and Makeda. The company
now makes more than 10 speaker models,
ranging in price from $495 to $6,495 per
pair. NSM also manufactures sand-filled
speaker stands, called Sandbags (30-inch
Matador stands, which cost $295 per pair,

were supplied for this review), and a line of
amplifiers under the GREO brand name.

The Model 10S is the smallest (though
not the least expensive) speaker NSM man-
ufactures. Although the 10S speakers were
submitted for review as stand-alone sys-
tems, the company primarily intends them
for use with a companion subwoofer, the
Model 15-EXP.

The 10S is a two-way, closed-box design.
Its cabinet, tightly constructed of half-inch
MDE, is strengthened with an internal shelf
that divides the enclosure into two equal
parts. A large hole in the shelf lets the
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woofer use all of the box’s internal volume.
The cabinet is finished on all six sides. The
grille frame, of molded plastic, is covered
with black grille cloth. The grille attaches to
the front of the enclosure via four pegs that
mate with rubber-lined holes in the corners
of the cabinet’s front panel.

The drivers are centered on the front of
the cabinet, with the tweeter above the
woofer, and are flush with the cabinet. The
tweeter’s large faceplate keeps the centers of
the tweeter and woofer separated by a sig-
nificant 4Y inches. The 1-inch soft-dome
tweeter is magnetic-fluid cooled and incor
porates a large ferrite magnet, 3 inches in
diameter and 0.6 inch thick. The 4%-inch
woofer is a long-throw unit. Its inch-diame-
ter voice coil is attached to a molded-plastic
cone with rubber surround; its magnet is
the same size as the tweeter’s.

The crossover is a minimalist design,
containing only three components. A hefty
3.1-millihenry air-core inductor, wound
with large-diameter wire, is in series with
the woofer, and a series combination of a
high-quality, 5-microfarad capacitor and
24-ohm power resistor drives the tweeter.
These components form first-order (6-
dB/octave) high- and low-pass filters. The
series resistor effectively attenuates the
tweeter level to match the woofer’s relative-
ly low sensitivity. The crossover is mounted
on a small piece of fiberboard attached to
the back of the cabinet, behind the tweeter.
The NSM’s internal connections are soldered
and use audiophile-grade, large-diameter
stranded wire. Connections to the speaker

Rated Room Frequency Response: 55
Hz to 20 kHz, +3 dB.

Rated Sensitivity: 84 dB at | meter, 2.83
V rms applied.

Impedance: 8 ohms, nominal.

Recommended Amplifier Power: 50 to
200 watts per channel.

Dimensions: 10 in. H x 5'% in. W x 6%
in. D (25.4 cm x 14 cm x 16.5 cm).

Weight: 6 Ibs. (2.7 kg) each.

Price: $695 per pair in satin black, $795
per pair in walnut; single-wire version
(Model 10), $595 per pair in satin
black or white.

Company Address: PO. Box 326, Gar-
den City, N.Y. 11530; 516/486-8285.

For literature, circle No. 92
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Sure, it’s nice to be hailed as a “benchmark?
But what, exactly, does that mean? Well, let’s
read the quote in context:

“While the HCA-2200" has virtually
unlimited brute power, it has enough finesse
to let the music come through largely
. unscathed. Over the last six montbs it has

“The HCA-2200" has all the features and flexibility proven, with a variety of speakers in both

e R R e my listening rooms, that it’s a benchmark

product against which other amplifiers can be measured. If an amp of equal or greater price isn’t at least
as good as the HCA-2200", it doesn’t cut it.”

1’s clear that Mr. Stone has discovered the virtues of our amplifier. And while we’re pleased he
found the process so enjoyable, we aren’t surprised. It’s all part of our design philosophy, whose essence
he captures nicely when he says, “...a middle-class audiophile like myself no longer has to take out a
second mortgage on bis house to afford a musically satisfying amplifier.”

««___A BENCHMARK
PRrobucCcT AGAINST WHICH
OTHER AMPLIFIERS CAN BE

IVIEASURED.”?

— STEVEN STONE, STEREOPHILE, VOL. 17 NO. 3, MARCH 1994

But what did surprise us, as well as flatter us, was being thrown into the ring with $12,000
monoblock behemoths. The result of this apparently absurd comparison? Not carnage, but rather: “...the
Parasound HCA-2200" gives them all a run for the money, and even beats ‘em in flexibility and price.”
He continues, “...a pair of HCA-2200"s performed with Apogee full-ranges on a par with a pair of
Boulder 250 AEs and four VTL Deluxe 300 amps.
Dynamic impact and attack were excellent...Compared
to the VTL300, the HCA-2200" had a greater sense of
extension...”

Enough quotes. It’s time to experience one yourself.
Just visit your local Parasound dealer and learn that

“benchmark” is the expert’s way of saying you don’t have

“ ...prodigious bass output and sense of unlimited power
to break the bank to get the best. And you can quote us 4 et eoneaalr says Sireopbile: Asid o wondar: 1t

on that. delivers over 90 amps of peak current per channel.

PARASOUND

ical lstene

Parasound Products, Inc. 950 Battery Street, San Francisco, CA 94111 « 415-397.7100 » Fax 415-397-0144
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Measurements

I measured the NSM Maodel
10S’s anechoic frequency response
(Fig. 1) at a distance of 1 meter

from the front of the cabinet and

20 100 1k
FREQUENCY - Hz

Fig. 1—On-axis frequency
response.

X
8

PHASE ANGLE - DEGREES

FREQUENCY - Hz

Fig. 2—On-axis phase

response, group delay, and
waveform phase (see text).

10dB8

SPL - dB

FREQUENCY - Hz

Fig. 3—Horizontal off-axis
frequency responses.

FREQUENCY - Hz

Fig. 4—Vertical off-axis
frequency responses.

are through a pair of gold-plated, audio-
phile-grade terminals on the cabinet’s bot-
tom rear. (You may bi-wire the terminals; a
single-wire version, the Model 10, is avail-
able.) Standard double-banana jacks and

used a tenth-octave filter to smooth
the curves. The top curves, taken
without the speaker’s grille, show
the response at two locations: on
the tweeter’s axis, which yields a
quite rough response through the
crossover region, and at a point
even with the bottom of the cabinet
(the woofer end), which yields a
much flatter response.

I experimented with different
measurement locations because of
the poor response 1 obtained on the
tweeter’s axis. That curve has an
octave-wide hump of about 4 dB
centered at about 2 kHz and a nar-
rower, 7-dB dip at 5 kHz. If you ex-
clude this hump and dip, however,
the curve is fairly flat. To explore
why this curve was so poor, I re-
measured the response but re-

GROUP DELAY - msec

versed the tweeter connections. (I
could do this easily by changing the
speaker’s bi-wire -connections.)
The curve (not shown) exhibited a
significant reduction in level be-
tween 1 and 4 kHz but had much
higher output between 4 and 8
kHz. This indicates that in the nor-
mal connection, the woofer and
tweeter are approximately in phase
in the lower frequency range but
are significantly out of phase in the
upper range, which can yield poor
vertical coverage. The out-of-phase
condition was responsible for the
dip at 5 kHz. The wide range of in-
teraction between the woofer and
tweeter (the three octaves from 1 to
8 kHz) is a result of the gradual
rolioffs of the speaker’s first-order
crossover and the drivers’ conse-
quent broad, overlapping responses.
| searched for other measurement loca-
tions that would yield flatter response
through the crossover region when the driv-
ers were connected in normal polarity and
also yield a reduction in response thro ugh
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the same region when the drivers were con-
nected in reverse. I obtained the desired re-
sults when [ measured the 10S on the
woofer’s axis (or lower), at a point even
with the bottom of the cabinet. The re-
sponse (Fig. 1, top curve set) is much
smoother than on the tweeter’s axis. The
hump at 2 kHz is reduced, and the dip at 5
kHz has disappeared. On this new axis but
with the tweeter’s connection reversed,
there was a reduction of some 5 to 15 dB

THE NSM 10S SEEMED
QUITE SUBSTANTIAL

FOR ITS VERY
DIMINUTIVE SIZE.

from 1 to 8 kHz (response not shown),
which is a good sign. Having the drivers
more nearly in phase through the crossover
range minimizes lobing and improves verti-
cal coverage.

The 12-dB/octave rolloff in the bass is
normal behavior for a closed-box speaker
system. In the NSM 108, this rolloff begins
at a fairly high frequency (180 or 80 Hz, de-
pending on whether you count its begin-
ning from the slight upper-bass peak or
from the -3 dB point relative to 1 kHz), but
that would be inconsequential if the 10S
were used with a subwoofer.

The lower set of curves in Fig. 1 demon-
strates the effect of the speaker’s grille. The
grille significantly roughens the response
above 2.5 kHz.

Averaged from 250 Hz to 4 kHz (with
equal emphasis on each third-octave fre-
quency band), the 10S’s sensitivity was a
very low 80.7 dB, about 3 dB below NSM’s
low, 84-dB, rating. The right and left speak-
ers matched within a very close +0.5 dB
from 100 Hz to 20 kHz.

Figure 2 shows the phase and group-de-
lay responses, referenced to the tweeter’s ar-
rival time. The phase curve is very well be-
haved and decreases only 90° between 1 and
10 kHz. When averaged from 1 to 4 kHz,
the group-delay curve indicates a low offset
of about 0.15 millisecond, with the woofer
delayed relative to the tweeter.

Also shown in Fig. 2 is the waveform
phase, which indicates whether waveshapes
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. tively flat over that range, wave-
forms will be preserved (and will
be in proper polarity) if the sig-
nal’s energy is constrained to that
range. Likewise, if the waveform
phase is at or near 180°, wave-
shapes will be preserved but in-
verted. For the NSM 108, the curve
of waveform phase indicates that
A waveshapes in the woofer’s range

from 300 Hz to 2.5 kHz will be

somewhat preserved but will be

5 10 100 1k
FREQUENCY - Hz

Fig. 5—Impedance
magnitude (A) and phase (B).

gy is constrained to higher and
lower frequencies will come
through in proper polarity. Odd as
B it may sound, this actually repre-
sents unusually good performance
on the waveform phase test. Inter-
estingly, when I examined the driv-
ers’ crossover connections, 1 found

J inverted, while signals whose ener-
2%

that the woofer was connected in
reverse polarity and the tweeter in
normal polarity.

Figure 3 shows the speaker’s
horizontal off-axis responses. (The
bold curve at the rear is on-axis re-

TEF

80
€
' 70
g |

60

sol—_L_L | 4

20 100 1k 10k

FREQUENCY - Hz

Fig. 6—Three-meter
room responses.

MAXIMUM POWER: 25 WATTS

% e, 7%
o
o, 15.9%

Fig. 7—Harmonic distortion
for E, (41.2 Hz).

will be preserved in specific frequency
ranges. In previous reviews, I have plotted
waveform phase on a wrapped +180° scale.
However, here the graph shows the absolute
value of the waveform phase, plotted on a
scale from 0° to 180°. This eliminates the
sharp transitions when the phase rotates
from —180° to +180°. If the waveform phase
Is at or near 0° over a specific frequency
range and the frequency response is rela-

20k sponse.) The curves here and in

Fig. 4 were obtained by rotating
the speaker around the woofer’s
axis and measuring | meter in
front of the 10S. The curve-to-
curve uniformity in Fig. 3 indi-
cates very even horizontal cover-
age; from 10 to about 18 kHz, only
moderate narrowing is evident.
The 10S’s vertical off-axis re-

'u‘; sponses are shown in Fig. 4. (The
T bold curve in the middle of the
graph was taken on the woofer’s
axis.) In the important range from
250 on-axis to 15° above axis, the

curves are quite uniform except

for a dip between 4.5 and 7 kHz

(which corresponds to the dip in

Fig. 1 in the response taken on the
tweeter’s axis). At downward angles in the
same range, a broad depression between 1.8
and 7 kHz develops not far below the axis
(not clearly seen in the graph). At angles far
above the speaker’s axis, a sharp dip devel-
ops at about 1.3 kHz. The vertical responses
are quite asymmetrical, with the curves
above axis much better than those below it.
At low frequencies, the NSM’s imped-
ance magnitude (Fig. 5A) exhibits the clas-
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sic characteristic of a closed-box loud-
speaker—a single peak. Here, the peak is at
90 Hz, the resonant frequency of the woofer
in the closed box. At higher frequencies, the
impedance reaches a minimum of 7.1 ohms
at 200 Hz and then rises smoothly to about
32 ohms above 1.4 kHz. The high imped-
ance at high frequencies is directly due to
the crossover’s resistor in series with the
tweeter. Between 20 Hz and 20 kHz, a 32.6-
ohm maximum occurs at 90 Hz and a mod-
erately low minimum of 6.9 ohms at 20 Hz.
The max/min impedance variation is thus a
moderate ratio of 4.7 to 1 (32.6 divided by
6.9). Cable series resistance should be limit-
ed to a maximum of about 0.1 ohm to pre-
vent cable-drop effects from causing re-
sponse peaks and dips greater than 0.1 dB.

APPEARANCE AND
CONSTRUCTION WERE
UPSCALE, WORTHY OF

THE BEST HIGH-END
SPEAKER SYSTEMS.

For a typical run of about 10 feet, therefore,
you should use 16-gauge (or larger), low-
inductance cable with the NSM 10S.

The impedance phase (Fig. 5B) stays
within a moderate +45° over the entire fre-
quency range. Above 2 kHz, the phase is es-
sentially 0°, which indicates a resistive load.
The 10S should be no problem for any am-
plifier, and solid-state amplifiers should
have no difficulty handling a pair of these
speakers in parallel.

When 1 subjected the 10S to a high-level
sine-wave sweep, the cabinet exhibited
minimal side-wall vibrations. The maxi-
mum linear excursion of the woofer was
about 0.25 inch, peak to peak; the absolute
maximum excursion (with high third-har-
monic distortion) was about 0.3 inch, peak
to peak. I could not detect any sign of dy-
namic offset.

Figure 6 shows the 10S’s 3-meter room
response, with both raw and sixth-octave-
smoothed data. The speaker was upright in
the right-hand stereo position, mounted on
the supplied 30-inch stand, and aimed lat-
erally at the test microphone. I raised the
front of the cabinet by about % inch so that
the test mike was even with its bottom. The
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els at a 25-watt input. The maxi-
mum distortion was 8.9% second
harmonic, with only 4.0% third
and 2.7% fourth. The A, (440-Hz)
harmonic distortion (also not
shown) rose only to the low level of
1.6% second harmonic; higher

1 1 10
POWER ~ WATTS

Fig. 8—IM distortion for A,
(440 Hz) and E, (41.2 Hz).
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Fig. 9—Peak input power
and sound output.

system was driven with a swept sine-wave
signal of 2.83 volts rms (corresponding to 1
watt into the speaker’s rated 8-ohm imped-
ance). The direct sound and 13 millisec-
onds of the room’s reverberation are in-
cluded. If you exclude the range below 340
Hz, the smoothed curve fits a moderately
tight, 7.5-dB window. This curve’s distin-
guishing features are many small undula-
tions, a dip at 190 Hz followed by a peak at
270 Hz, and a broad rise between about 1.2
and 3.4 kHz. Above 4 kHz, the curve fits a
very tight, 3-dB window.

Figure 7 shows the Model 10S’s E, (41.2-
Hz) bass harmonic distortion; input power
ranged from 0.025 to 25 watts (14.14 volts
rms into 8 ohms). Even at the relatively low
25-watt input power level, the third har-
monic reaches a very high 93%; this indi-
cates hard symmetrical limiting in both di-
rections of woofer excursion. Other results
include 15% second harmonic, 39% fourth,
28% fifth, and 15% sixth. Clearly, this
speaker is being overloaded by this amount
of power at 41.2 Hz. Although the distor-
tion at the E, tone was quite high, the
speaker handled the overload well and did
not sound excessively distressed.

The A, (110-Hz) bass harmonic distor-
tion (not shown) rose to only moderate lev-

harmonics were below the floor of
my analyzer. It is obvious from the
differences between the 41.2-Hz
and 110-Hz distortion readings
that the 10S would benefit greatly
from being used with a subwoofer.

Figure 8 shows the IM versus
power created by tones of 440 Hz
(A,) and 41.2 Hz (E)) of equal
power, over the range from 0.1 to
25 watts. The IM rises gradually
and reaches 11% at full power. Al-
though moderately high, 11% is a
relatively low IM level for a speaker
of this size that reproduces both
tones from the same driver.

Figure 9 reveals the 10S’s short-
term peak-power input and output
capabilities. (The peak input pow-
er was calculated by assuming that the mea-
sured peak voltage was applied across the
rated 8-ohm impedance.) The peak input

100

THE NSMs SOUNDED
BIGGER THAN THEY
LOOKED, WITH SMOOTH

AND EXTENDED HIGHS
AND SUPERB IMAGING.

power starts at a moderate 12 watts at 20
Hz, stays constant until 50 Hz, and then ris-
es rapidly. It crosses 100 watts at 120 Hz
and 1,000 watts at 300 Hz before leveling
off at 6,000 watts above 4 kHz, in the tweet-
er’s range. With room gain, the speaker’s
maximum peak SPL starts at an unusable
74 dB at 20 Hz and then rises rapidly. It
crosses 90 dB at 60 Hz, 100 dB at 105 Hz,
and 110 dB at 180 Hz before rising into the
loud range of 115 to 119 dB SPL above 1.1
kHz. Although the 10S will play sufficiently
loud above 180 Hz, its bass output is rather
anemig; it is at the bottom of the list of all
systems | have tested. However, the 10S is
also the smallest speaker I've tested for Au-
dio, and its low-frequency output competes

AUDIO/APRIL 1996
56

favorably with that of other speakers in its
size range I have used.

Use and Listening Tests

The NSM 10S speakers arrived at my lab
packed two to a box, in a carton whose size
seemed more appropriate for a single small
system. The diminutive size of the Model
10S must be seen to be appreciated. Al-
though I could easily carry a pair under one
arm, subjectively these speakers seemed
quite substantial and weighty for their size.
My review samples were finished in walnut,
and their appearance and construction pro-
claimed a very upscale quality. Everything
fit very well, including the grilles. Even the
large, gold-plated bi-wirable terminals were
worthy of the best high-end system.

For my listening tests, | mounted the
NSMs on the 30-inch-high Matador stands.
These stands, which must be assembled,
came in a box more than twice the size of
the speaker carton. And at nearly 20
pounds, each sand-filled stand weighs more
than three times the speaker it supports!
Each stand had four screw-in adjustable
spikes, which came in quite handy when I
needed to change vertical aiming. When the
10S is mounted on the Matador, the speak-
er’s tweeter is approximately at ear height
for a seated listener (37 inches).

The owner’s manual goes into reason-
able detail about unpacking, break-in, con-
nections, bi-wiring, placement, use with
subwoofers, and amplifier requirements.
For best imaging, NSM suggests placing the
systems on 30-inch stands, 2 feet or more
from any walls, and about 8 feet apart. (My
usual speaker locations conform to these
guidelines.)

Hooking up the NSMs was a breeze, be-
cause their terminals are large and very ac-
cessible. I did not bi-wire them; instead I
used supplied gold-plated straps. I connect-
ed the speakers to a Krell amp with Trans-
parent Audio’s Music Wave Reference ca-
bles. Other listening components included
Onkyo and Rotel CD players, Krell’s KRC
preamp, and B&W’s 801 Matrix Series 3
speakers for comparison.

I placed the NSMs in my customary po-
sitions: about 8 feet apart, well away from
walls, and aimed toward my listening posi-
tion (10 feet away). I conducted the listen-
ing tests both before and after the bench
tests. One valuable piece of knowledge I



gained from the measurements was that the
NSM’s response could be improved by rais-
ing the speaker’s axis so that a line extended
from the bottom of the enclosure intersect-
ed my ear. To accomplish this, I tilted the
stand backward and adjusted its spikes so
that the stand’s bottom was about % to %2
inch higher than the rear. This adjustment
provided an audible
improvement when I
was seated, and most of
the following com-
ments apply to the tilt-
ed-back configuration.

First listening to the
NSMs revealed excel-
lent imaging, smooth
and extended highs,
and a much bigger sound than the speakers’
size would suggest. However, their bass out-
put was quite restricted compared to that of
larger systems, and their sensitivity was sig-
nificantly less than that of the B&W 80ls.
The B&Ws needed some 6 to 7 dB of level
reduction, depending on the program ma-
terial, to match the NSMs’ acoustic output.

When I listened to jazz and pop that had
significant bass, such as kick drum or bass
guitar, the 108 speakers could not be turned
up very loud before being overloaded in the
bass range. On the title track of Dave
Grusin’s Mountain Dance (GRP GRD
9507), for example, I could turn these
speakers up only to about 80 to 85 dB SPL
before exceeding the woofers’ linear excur-
sion range. At this level, the output was
quite satisfying, however; everything except
the bass sounded very good.

On program material that had less bass
content, the NSMs could generate much
louder levels. On Benedetto Marcello’s Four
Sonatas and a Concerto for Harpsichord
(Jecklin-Disco JD 5001 ), the NSMs generat-
ed a very usable 90 to 95 dB SPL before
starting to sound congested. On their own,
the 10S speakers are much better suited to
this kind of music. They made the harpsi-
chord sound convincingly alive, producing
a full and well-balanced sound.

On other classical chamber music, such
as Dvorak’s The Piano Quintets (Dorian
DOR-90221), the Model 10S speakers pre-
sented a very solid and weli-defined sound-
stage. The strings sounded quite convincing
and realistic, and room ambience was excel-
lent. The NSMs also did quite well on larg-

THE 10S MADE
HARPSICHORDS SOUND
CONVINCINGLY ALIVE,

WELL BALANCED,
AND FULL.

er-scale symphonic works, but only if I re-
stricted them to moderate to low levels. The
low end of the NSMs sounded quite light-
weight compared to that of the B&Ws.

Since NSM primarily intends these
speakers for use with a subwoofer, I also
tried them with a Velodyne subwoofer con-
nected to one channel. For simplicity’s sake,
I kept the NSMs
connected directly
to the power amp,
which meant that no
high-pass filtering
was provided. I was
pleasantly surprised
by how much the
additional bass im-
proved the sound,
even though the acoustic output of the
NSMs was, obviously, unchanged.

On pink noise, the NSMs exhibited sig-
nificant tonality, primarily an emphasis of
the upper midrange. The lower two octaves
of bass (the characteristic bass rumble of
pink noise) were missing. These systems did
do fairly well on the stand-up/sit-down test,
exhibiting only moderate midrange tonal
changes when [ stood up. On third-octave
band-limited pink noise, no usable output
was produced at the 20-, 25-, 32-, and 40-
Hz bands. At 50 and 63 Hz, there was some
usable output, but these speakers could not
be played very loud before they generated
high levels of third-harmonic distortion.
From 80 to 125 Hz, the usable output was
much better, but I noticed a tendency to
overload at high levels. On higher bands the
output was quite acceptable. When 1 moved
the 10S speakers closer to the wall behind
them, the lows improved but at the expense
of smoothness at higher frequencies.

On female vocals, the NSMs presented a
significantly more forward sound than the
B&Ws. Sibilants were reproduced properly,
with no undue emphasis, and the overall
sound was otherwise well balanced. On
male speaking voice, | judged the NSMs’
performance to be slightly better than that
of the B&Ws. In my listening room, the
801s have a tendency to add some chesti-
ness to male voice; the NSMs didn’t do that.

If you need a very small speaker that has
great looks and offers solid performance, con-
sider the NSM Model 10S. A pair would work
well in a small room or would be a fine choice
as satellites coupled with a subwoofer. A
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YAMAHA RX-V2090
A/V RECEIVER AND
DDP-1 AC-3 DECODER

amaha is among the first to ride the
Dolby Digital AC-3 bandwagon.
Like most companies introducing a
new technology, Yamaha has put
the new technology into an add-on
component (the DDP-1) and
adapted a more traditional product (the
RX-V2090 A/V receiv-
er) to accept the add-
on—not that this re-

ceiver is all that
traditional, as you’ll
soon see. At present,
Dolby Digital sound is
available only on
laserdiscs that carry
the AC-3 logo, and ex-
tracting the AC-3 data stream from them
requires a special player (such as Yamaha’s
CDV-W901 CD/CDV/LD player). In the

YAMAHA’S DSP MODES
USE SOUND-FIELD
MEASUREMENTS

FROM REAL ACOUSTIC
ENVIRONMENTS.

future, however, Dolby Digital audio
sources will include DVD, HDTV, and per-
haps others, as well.

Altheugh Yamaha has been making sev-
en-channel A/V amplifiers for a while, the
RX-V2090 is its first seven-channel receiver.
(With 8-ohm loads, the three front chan-
nels are rated at 100
watts each, while the
four effects channels
are rated to put out
35 watts apiece.) This
receiver is also the
first Yamaha product
that can accept five-
channel audio from
an AC-3 decoder. Be-
sides AC-3, the RX-V2090 offers digital
sound-field processing (including Yamaha’s
Cinema DSP enhancement of Pro Logic)
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plus a number of other features you’d hope
to find in a top A/V receiver.

For Cinema DSP, Yamaha recommends
that two front effects speakers be placed
about 6 feet above the floor, to the outside
of the main left/right pair, and about a foot
behind the main speakers; two rear effects
speakers are to be placed similarly, behind
the listener. With Cinema DSP, these four
speakers simulate an array of phantom
speakers along the side and rear walls to
create a sound pattern similar to what you’ll
hear in a first-run movie theater. However
although the objectives of Cinema DSP are
similar in some respects to those of Home
THX, the optimum speaker types and
placements are different. Cinema DSP
works best with “forward-radiating” speak-
ers all around, not with the dipolar sur
round speakers that are recommended for
Home THX, and the rear speakers are be-
hind—rather than aligned with—the view-
ing position.

The RX-V2090’s digital sound-field proc-
essing offers 10 program modes. Four
modes are for film sound: Dolby Pro Logic,
“Pro Logic Enhanced,” “70mm Movie The-
ater,” and “TV Theater.” The remaining six
modes are for audio only: “Sports,” “Stadi.
um,” “Rock Concert,” “Jazz Club,”
“Church,” and “Concert Hall.” These six
modes are based on sound-field patterns
measured in real acoustic environments;
the cinera modes are based on the consen-
sus of a group of recording engineers re-
garding ideal acoustic environments. With
the exception of relative levels and sur-

RECEIVER _1|

Dimensions: 17% in. W x 6% in. H x
18% in. D (43.5 cm x 17.1 cm x 47
cm).

Weight: 39.2 Ibs. (17.8 kg).

Price: $1,499.

DECODER |
Dimensions: 17% in. W x 5 in. H x 9%
in. D (43.5cm x 12.7 cm x 23.2 cm).
Weight: 13%2 lbs. (6.1 kg).

Price: $599.

Company Address: 6660 Orangethorpe
Ave., Buena Park, Cal. 90620; 800/ ||

For literature, circle No. 93

492-6242. ‘
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Where do you
go to hear
the best
of all
these?

Are you a little bit country and a little bit rock *n’ roll? Jazz, pop, new age and a whole lot more?
The New Music Series™ from Music Direct® delivers a wide variety of music you’ll love discovering.
The most exciting new music available anywhere from artists you know and artists you will want to know.
With every issue you get our custom magazine and full length album sampler— a complete package chock full of
inside information, photos and exclusive artist profiles where you’ll discover the hottest new releases in
the world of music. Every other month you can hear those new releases on our exclusive CD or cassette
sampler... full length tracks from more than a dozen featured albums in many musical styles. There’s simply
no better way to discover new music. But, why not hear for yourself? For a limited time, you can sample
the New Music Series™ from Music Direct® FREE*

Return the coupon below or call

1-800-567-MUSIC

[ e e e e e ey

'Y ]
[] e s B Pleasc rush me my FREE issue of the New Music Series™ from Music Direct®.

| understand that | will pay $3.96 for shipping and handling only. Thereafter, please send me
a new issue profiling a dozen of the best new releases approximately every other month for the
regular price of $8.99 per issue plus s&h. | undersiand that I will never be obligated to buy
anything from Music Direct® . If | am not completely satisfied, | may cancel at any time.

) | prefer cassette sampler. _] Check enclosed. [ JVISA _IMASTERCARD _JAMEX [)DISCOVER

Name Number:

Every Track Hits Home?

Address Exp. Date:

*Regular price $8.99 per issuc. Shipping and handling $3.96.
Published approximately every other month. Every issue includes full-length
album sampler and custom insider’s magazine. Featured alhums available

from Music Direct®. No obligation to purchase. Cancel any time.

Return to: Music Direct, 8012 Brooks Chapel Road,
Suite 402, Brentwood, TN 37027, AB02ZCO11
Please allow 3-4 weeks for delivery of first issuc. Y L. s Yoyl

City _____ State Zip Si e:
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round-channel delay, you can’t
change the DSP parameters, Digital
sound-field processing is defeated
when the receiver is in the five-
channel discrete (AC-3) mode, as
are some functions not used with
AC-3 (for example, center-mode
selection and surround-channel
delay).

Although Cinema DSP works
best with a seven-speaker array,
Yamaha provides a back-panel
switch (“Front Mix”) that, in the
five-channel position, folds the
front effects signals into the main
front channels so the system can be
used with a five-speaker array. The
“Phantom” center option covers
situations in which a center speaker
isn’t used, although I don’t recom-
mend doing without a center
speaker.

The RX-V2090’s back panel
looks as if someone went crazy
with a hole punch. In addition to
the “SCH DISCRT Input” set, there
are RCA (pin-jack) stereo inputs
for MM phono, a CD player, two
audio tape decks, two VCRs, and a
laserdisc player (marked “LD/
TV”). You'll find audio outputs for
recording on both tape decks and
both VCRs, as well as line-level
outputs for every channel so that
you can upgrade to more powerful
amplifiers. The main-channel
left/right preamp outputs are ex-
ternally linked to their respective
power amp inputs; therefore, by re-
moving the links and rewiring, you
can use the receiver’s 100-watt/
channel main front amplifiers for
the front or rear effects channels if
you do upgrade. A “Main Level”
slide switch initiates a 10-dB
change in amplifier gain, and a fil-
tered “Low Pass” output will feed a
powered subwoofer.

Additional preamp and compos-
ite-video output jacks enable you
to drive an audio or A/V system in
a second room, with independent
source selection. The “Room 2”
composite-video output is the only
video jack not accompanied by an
§-video connector. Inputs and out-
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puts for both VCRs, the “LD/TV” input,
and main “Monitor Out” have both com-
posite- and S-video jacks. (Hear! Hear!)
Multiway binding posts are provided for
all speakers, including sets for two pairs of
front left/right speakers and for two center-
channel speakers. You use buttons on the
receiver’s front panel to select either or both
main speakers. A pushbutton near the cen-
ter-speaker connectors selects a single cen-
ter speaker or a pair; the latter arrangement
enables you to flank your TV with two cen-
ter-channel speakers if a single one won’t fit

THE DDP-1'S CONTROL
MODES PROVIDE FOR
JUST ABOUT ANY

SPEAKER ARRAY
YOU MAY HAVE.

above or below it. If you use one center
speaker, its minimum impedance should be
8 ohmis; if you use two, they should be iden-
tical units, with a 4-ohm minimum imped-
ance, as they’re connected in series. The
main front and center connectors are on
standard %-inch centers and can be used
with dual-banana (“GR”) plugs; the con-
nectors for the effects speakers are not on
standard centers. All back-panel connectors
are base metal; a fourth video input, behind
a hinged door on the front panel (“Video
AUX?), is outfitted with gold-plated audio
and composite-video pin jacks and a base-
metal S-video connector. Completing the
back-panel array are a 75-ohm FM antenna
connector, wire clips for connecting the
(supplied) AM loop antenna, a ground ter-
minal for a turntable, one unswitched and
two switched convenience outlets, and in-
put and output remote-control jacks to
send and receive signals between the receiv-
er and a second room.

Two remotes are provided, one for each
room. The secondary remote permits you
to select program sources, choose among
tuner presets, and control the basic func-



tions of other Yamaha components (a CD
player, a laserdisc player, and two audio tape
decks). The primary remote is more versa-
tile and can be “taught” the control codes of
other companies’ components. It offers full
access to the DSP selections as well as con-
trol of volume and relative levels in the cen-
ter and the four effects channels. With the
primary remote, you can initiate the speak-
er-balance test sequence for Dolby Pro Log-
ic operation, activate a sleep timer, control
power, and mute the sound. The primary
remote also offers more complete control of
auxiliary equipment—for example, search
functions for CD and laserdisc players and
record/pause and record/muting for tape
decks.

Although volume can be set from the
primary remote, left/right balance and bass
and treble are adjustable only from controls
behind the hinged door on the receiver’s
front panel. Here too is the
“REC Out” selector, which
can be set to record from any
of the eight inputs while you

da0:

.
»

listen to another or can be

) U]

L ey

set to follow whatever source
has been chosen by the main
selector. “Tone Bypass” and
“Bass Extension” switches
also lie behind the door. |

EVERY VIDEO INPUT
AND OUTPUT EXCEPT

“ROOM 2” HAS BOTH
COMPOSITE- AND
S-VIDEO CONNECTIONS.

like having a separate recording selector (a
Yamaha tradition) and the ability to bypass
the tone controls, and Yamaha goes one bet-
ter in the RX-V2090: “Tone Bypass” and
“Bass Extension” are independent. In other
words, you can bypass the bass and treble
controls and still use “Bass Extension” to
boost 50-Hz response in the main front
speakers and interpose a sharp, high-pass
filter below that frequency.

Relative channel levels are adjustable
from the receiver’s front panel as well as
from the remote, aithough the test-tone se-
quence can be initiated only from the re-
mote. “Center” mode (“Normal/Wide/

Phantom”) and “Delay Time” are
controlled exclusively via pads on
the RX-V2090’s front panel. Nine
panel buttons choose the listen-
10 others
choose the digital sound-field proc-
essing mode, while an 11th (“Ef-
fect”) enables you to bypass DSP
and return to normal stereo.

The receiver’s tuner section has
automatic and manual tuning plus

ing/viewing source;

40 station presets (which can be
manually or automatically pro-
grammed). Stereo reception is possi-
ble only in the auto-tuning mode;
mono reception prevails whenever
the “Tuning Mode” switch is set to
the manual position.

The PDP-1 decodes Dolby Digi-
tal AC-3 signals into their six com-
ponents: five full-bandwidth chan-
nels (for left/center/right front and
left and right surround) and one
limited-bandwidth channel for
low-frequency effects (LFE). Out-
put connections are via base-metal
RCA jacks on the back. This proces-
sor has two digital inputs and one
pin-jack RF input specifically for
connection to an AC-3-capable
laserdisc player. One digital input is
Toslink optical; the other is coaxial.
These two inputs are intended for
future Dolby Digital sources, which
will have direct digital outputs in-
stead of the RF output used for
laserdisc. One unswitched conven-
ience outlet is provided.

The DDP-1’s controls are rela-
tively straightforward. “Mode” cy-
cles through three setup categories
(“A,” “B,” and “C”), while “Menu”
advances through the options with-
in each category. Settings are
changed with a “Parameter +/-"
bar and are shown in the display.

Mode “A” adjusts center- and
surround-channel delay. It also of-
fers a choice between AC-3’s two
options for dynamic range: “Max,”
which affords full dynamic range
on each channel, and “Standard,”
which compresses the dynamic
range when you’re listening at low
levels. With “Standard” dynamics,
you have five choices of high-level
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Measurements

Although I used the RX-V2090
and DDP-1 in combination, I test-
ed them individually—the RX-
V2090 as a “standard” A/V receiv-
er, the DDP-1 as a stand-alone
AC-3 decoder.

Yamaha rates the RX-V2090 for
8- and 6-ohm loads, whereas I cus-
tomarily use 8- and 4-ohm termi-

A nations. Yamaha specifies 120

watts/channel into 6 ohms; [ made
4-ohm “full-power” tests at 100,

THO +N — %

120, and 150 watts/channel to es-

OUTPUT — WATTS

Fig. 12—THD + N vs.
omplifier output,
Dolby Pro Logic mode.

compression and five choices of low-
level boost.

Mode “B” has five options. The first
controls the internal test-tone genera-
tor, which cycles pink noise through
the five full-range channels. “Menu”
then accesses each channel in turn, so
you can adjust speaker level with the
“Parameter” bar. With the next three “B”
options, you can modify balance by indi-
vidually adjusting the levels of the left and
right surround channels and of the LFE
channel. The final option in mode “B” is for
trimming the level of all outputs.

Setup mode “C” also has five options.
The first is input selection (RF, optical digi-
tal, or coaxial digital); the other four adapt
the output channels’ responses to match
your speaker setup. The options for the cen-
ter and the surround channels give you the
choice of full-bandwidth output when the
speakers are large enough to handle it or, if
your speakers are small, let you redirect bass
below 90 Hz. The center-speaker option
also has a “Phantom” choice, which redi-
rects center information to the main speak-
ers if you have no center speaker. A similar
option lets you redirect front left/right bass
below 90 Hz to the subwoofer output. The
final option allows you to select whether
bass redirected in the previous options

tablish my own rating. The results
for full-power output listed in
“Measured Data,” and the total
harmonic distortion plus noise
(THD + N) curves of Fig. 1, reflect
the amp section’s performance at
100 watts into 8 ohms and 150
watts into 4 ohms, in stereo mode
with both channels driven. Curves
taken at 10 watts also are included
in Fig. 1. (I took data at 1 watt but
have not included it since it showed
mostly noise rather than distor-
tion.) Needless to say, the data sug-
gests excellent performance: The
receiver’s worst-case distortion at
an output of 10 watts into 8 ohms is less
than 0.01% and barely more than that at
full power.

Figure 2 shows the receiver’s THD + N
versus output at 1 and 20 kHz. (The 20-Hz
curves, not shown, were almost identical to
the 1-kHz plots.) Data was taken on the left
channel, but both channels were driven for
the test. From these curves, I determined
that the clipping point at 1 kHz was 120
watts/ channel with 8-ohm loads and near-
ly twice that (200 watts/channel) with
4-ohm loads. Clearly, the RX-V2090 has no
trouble driving 4-ohm speakers, even
though Yamaha declined to rate it that way.
On the IHF tone-burst signal, the receiver
delivered 135 watts into 8 ohms and 225
watts into 4 ohms, for a “dynamic head-
room” of +1.3 dB into 8 ohms. (I could not
calculate dynamic headroom with 4-ohm
loads since there’s no manufacturer rating.)

Besides being competent power-wise, the
RX-V2090’s output stage had a high damp-
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ing factor, and output impedance remained
quite low to 10 kHz. I have found that these
characteristics often correlate with better-
than-average sound quality.

Figure 3 shows frequency response and
channel balance of the RX-V2090’s amp
section, measured from the CD input with
the tone controls bypassed, while Fig. 4
shows phono equalization error. As you can
see, the channels are well balanced, equal-
ization error is within +0.23 dB, and basic
response is reasonably flat to 20 kHz and
relatively extended. Although the RX-
V2090 is not the most wideband receiver
Ive tested, it’s certainly capable of deliver-
ing everything my ears can hear.

Figure 5 shows the receiver’s maximum
tone-control range and the effect of the
Bass Extension circuit; I've also overlaid the
response curve taken at the subwoofer out-
put by scaling the data to 0 dB at 20 Hz. The
tone controls operate symmetrically and,
for my taste, have more than adequate
range. Bass Extension boosts 50-Hz output
by almost 6 dB and rolls off the low bass
sharply; it should prove valuable if you use
small bookshelf-type speakers. The slope of
the subwoofer low-pass filter is too gentle
to be truly effective, but since powered subs
usually have internal filters, this doesn’t
concern me.

Noise-spectrum analyses (Fig. 6) reveal a
small amount of power-supply hum (-89
dBW at 120 Hz) from the CD input and (as
is often the case) rather greater amounts of

DOLBY AC-3 PRODUCED
FAR BETTER BASS AND
A MORE BELIEVABLE,

STABLE SOUND FIELD
THAN PRO LOGIC.

magnetically induced hum at 60, 180, and
300 Hz from the phono input. On an
A-weighted basis, output noise with the CD
input came in at —81.7 dBW. From the
phono input, S/N was 7.5 dB lower. Consid-
ering the circuitry in the RX-V2090, these
figures don’t strike me as worse than can be
expected.

The Yamaha receiver’s sensitivity and in-
put impedance were within the normal
range, and phono overload was adequate



An offer we hope
you can'’t resist!

We are offering the MMG with a 60 day
satisfaction guarantee and up to 100%
allowance if you trade them in on another
pair of Magneplanars within one year.

Read what Bob O’Neil has to say about
our new Magagies in his article in Bound
for Sound.

For information call 1-800-474-1646

{ The Audio Curmudgeon
Bob O’ Heill

Five-hundred bucks per pair is
the price.
‘ Magnepan is selling the MMG
direct!
| That’s right! By mail!!-or at
least UPS.
For only five-hundred bucks with a 60 day “if you don't
| like ‘em send ‘em back guarantee.” You also get a 100%
trade-in allowance if you buy another, presumably larger,
pair at your dealer within one year. What a deal!

These Mini-Mags are the smallest speakers
that Magnepan makes — they even have the
great quasi-ribbon tweeter/mid-range. Their
size may be small but their sound is BIG.

In preparation for this review, | listened to
a number of speakers in the price range.
(And remember, with ordinary box speakers
you have to figure another one or two
hundred dollars for stands. The MMG's are,
of course, floor standing and thus require no
stinking stands.) | have yet to hear any other
competitive speakers that sound as real, or as
natural as the Mini-Mags. [n order to grab your
attention in a dealer show room, the box speakers have a
|  boosted bass and exaggerated highs. Take one of these
boxes home and see how long it takes you to tire of boomy
one note bass and ear splitting treble.

Let's face it, there are few - very few - good $500
speakers out there. Most of them will make Bonnie Raitt
sound like Lyle Lovett, and they will not have the definition
and imagery, breadth or depth of sound stage that a planar
speaker can give you. On the MMG's, a Steinway will
sound like a Steinway and not like that old spinet in your
uncle's basement.

Buy these! They are one of the true bargains in audio.
And then in three or four months when you've become as
hooked on planar sound as | am, truck ‘em on down to
your Magneplanar dealer and trade ‘em in (remember that
100% trade-in allowance) on some bigger and better
Maggies.

Above article reprinted by permission
Bound for Sound
220 N Main St - Kewanee IL 61443

Magnepan reserves the right to modify the price, policies and design at any time.
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Magneplanar
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The MIMC s a ‘ul -renge didole with planar nagretic and

quasi ribocn drivers ad the sma lest speaker ve 1ave ever
produced. We know fromr experience Magneglar.ar owners are
loyal customers, and usually purchase another pair when they
are ready to step up to something better. We also know the
best place to become familiar with a speaker is in your
home...at your leisure. As an introduction to the unique
Magneplanar sound we have developed the MMG (Mini-Mag)
at $500 per pair. Available in natural or black solid oak trim with
off-white, grey or black fabric. Offer available only in the United

M MAGNEPAN

1645 Ninth Street - White Bear Lake MN 55110
1-800-474-1646 for information



RECEIVER, AMP SECTION

Output Power at Clipping (1 kHz, 1%
THD): 8-ohm loads, 120 watts/channel
(20.8 dBW); 4-ohm loads, 200 watts/
channel (23 dBW).

Dynamic Output Power: 8-ohm loads,
135 watts/channel (21.3 dBW); 4-ohm
loads, 225 watts/channel (23.5 dBW).

| Dynamic Headroom re 8-Ohm Rating:
+1.3dB.

THD + N, 20 Hz to 20 kHz: 8-ohm loads,
less than 0.0135% at rated output and
less than 0.0092% at 10 watts/channel
out; 4-ohm loads, less than 0.0116% at
150 watts/channel and less than
0.0165% at 10 watts/channel out.

Damping Factor re 8 Ohms: 410 at 50

| Hz.

Output Impedance: At | kHz, 22 mil-
liohms; at 5 kHz, 43 milliohms; at 10
kHz, 79 milliohms; at 20 kHz, 130 mil-
liohms.

Frequency Response: Tone controls by-
passed, 20 Hz to 20 kHz, +0, -0.24 dB
(-3 dB at 10 Hz and 77.4 kHz); tone
controls at detent, 20 Hz to 20 kHz, +0,
—0.35 dB (-3 dB at 110 Hz and 62.5
kHz).

Tone-Control Range: Bass, +10.7, —11.1
dB at 100 Hz; treble, +8.5,—7.9 dB at 10
kHz.

Bass Extension: +5.8 dB at 5] Hz.

Subwoofer Crossover: —3 dB at 175 Hz
and —6 dB at 305 Hz, 6-dB/octave slope.

RIAA Equalization Error: +0.23 dB, 20
Hz to 20 kHz.

Sensitivity: CD input, 16.8 mV for 0
dBW out and 168 mV for rated output;
MM phono input, 0.277 mV for 0 dBW
out and 2.77 mV for rated output.

A-Weighted Noise: CD input, —81.7
dBW; MM phono input, -74.2 dBW.

L —

for normal cartridges. The overload point

of the CD input was more than you’ll ever
need. Recording output levels were typical,
as was the source impedance of the output
circuitry. Channel separation was better
than 60 dB over the most meaningful range,
which is pretty decent (and more than you
need, in any event.)

I checked FM tuner performance at the

RX-V2090’s tape recorder outputs. The

Input Impedance: CD input, 39.4 kil-
ohms; MM phono input, 44.3 kilohms
+ 275 pF

Input Overload for 1% THD at 1 kHz:
CD input, 7 V; MM phono input, 120
mV.

Channel Separation: CD input, greater
than 54.4 dB, 100 Hz to 10 kHz.

Channel Balance: CD input, +0.03 dB.

Record Output Level: CD input, 0.488 V
for 0.5 V in; MM phono input, 0.292 V
out for 5 mV in at 1 kHz; FM tuner,
0.6V.

Record Output Impedance: 1,080 ohms.

RECEIVER,

FM TUNER SECTION

50-dB Quieting Sensitivity: Mono, 23.8
dBf; stereo, 44.7 dBf.

S/N at 65 dBf: Mono, 77.7 dB; stereo, 68.5
dB.

Frequency Response: Stereo, 20 Hz to 15
kHz, +0.9,-1.3 dB.

Channel Balance: +0.1 dB.

Channel Separation: Greater than 38 dB,
100 Hz to 10 kHz.

THD + N at 65 dBf, 100% Modulation:
Mono, 0.049% at 100 Hz, 0.092% at 1
kHz, and 0.195% at 6 kHz; stereo,
0.087% at 100 Hz, 0.109% at 1 kHz,
and 0.237% at 6 kHz.

Capture Ratio at 45 dBf: 1.4 dB.

Selectivity: Adjacent-channel, 5 dB; al-
ternate-channel, 58.5 dB.

Image Rejection: 45.2 dB.

AM Rejection: 56.2 dB.

Stereo Pilot Rejection: 81.9 dB.

Stereo Subcarrier Rejection: 85.6 dB.

RECEIVER,
DOLBY PRO LOGIC MODE
Output Power at Clipping, 8-Ohm

tuner section proved less sensitive than I
would have hoped (Fig. 7), possibly because
my test sample was slightly mistuned.
Mono “usable” sensitivity measured 20.3
dBf and improved by 1.3 dB when I adjust-
ed my test generator to agree with the tuner.
With auto tuning selected, the tuner shifts
to stereo at 42.5 dBf, at which point channel
separation and quieting are already quite
good. The 50-dB quieting point is reached
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Loads: Main front channels, 120 |
watts/channel (20.8 dBW); center
channel, 135 watts (21.3 dBW); rear
channels, 52 watts/channel (17.2 dBW).

THD + N at Rated Output, 8-Ohm
Loads: Main front channels, less than '|
0.112%, 75 Hz to 20 kHz; center chan-
nel, less than 0.171%, 70 Hz to 20 kHz;
rear channels, less than 0.65%, 100 Hz
to 7 kHz.

Frequency Response: Main front chan- |
nels, 20 Hz to 20 kHz, +0, —0.59 dB (-3
dB below 10 Hz and at 46.8 kHz); cen-
ter channel, wide mode, 20 Hz to 20
kHz, 40, —1.17 dB (-3 dB at 10.7 Hz
and 34.6 kHz); center channel, normal
mode, 100 Hz to 34.6 kHz, +0.04, -3
dB; rear channels, 18.5 Hz to 7.2 kHz,
+0,-3 dB.

A-Weighted Noise: Main front channels,
—79.4 dBW; center channel, wide mode,
—83.8 dBW, rear channels, —-73.7 dBW.

Channel Separation at 1 kHz: 48 dB or
greater.

AC-3 DECODER

Maximum Output Level: All front chan-
nels, 1.957 V for 1-kHz signal at 0 dBFS.

Output Level re Left Front: Surround
channels, —0.11 dB; LFE (low-frequency
effects) channel, +9.85 dB.

Frequency Response: Main front chan-
nels, 20 Hz to 18.9 kHz, +0, —0.25 dB;
center channel, 20 Hz to 18.4 kHz, +0,
—0.42 dB; surround channels, 20 Hz to
16.8 kHz, +0, —0.28 dB; LFE, 20 to 61
Hz, +0.03, -0.33 dB.

THD + N at 0 dBFS: Front and surround
channels, 0.007% or less at 1 kHz; LFE,
0.046% at 30 Hz.

Channel Separation at 1 kHz: 84.5 dB or
greater.

with a 44.7-dBf stereo input or a 23.8-dBf
mono input.

With adequate FM signal strength, the
RX-V2090’s tuner performs well. Frequen-
cy response (Fig. 8) is reasonably flat (+1
dB from 20 Hz to about 11 kHz), and chan-
nel balance is excellent. The $/N ratio at 65
dBf was almost 78 dB in mono and 68.5 dB
in stereo, The THD + N (Fig. 9) is better
than average for a tuner. Channel separa
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tion was impressive—better than 40 dB
from about 130 Hz to 9 kHz, worst case.
Capture ratio was excellent. Selectivity and
image-rejection ratios were modest; these
tuner characteristics are less important in
the home than in a car, so I'm willing to
sacrifice them—especially since lower dis-
tortion and better channel separation usu-
ally result from doing so. The AM rejection
was fine, and pilot rejection and subcarrier
rejection were unbelievably good.

Figure 10 shows the RX-V2090’s fre-
quency response in Dolby Pro Logic mode.
The results are classic and almost uniformly
excellent. Main front response is nearly as
broad and flat as that in stereo, although the
center channel’s response droops a bit more
at 20 kHz. In the “Normal” center mode,
response is down 3 dB at 100 Hz, as it
should be, and rear-channel response rolls
off above 7.2 kHz, again according to Dolby
Labs norms. The A-weighted noise was
greater in Pro Logic than in stereo mode,
but that’s to be expected. Referenced to rat-
ed power, S/N approached or exceeded 100
dB in the front channels and attained al-
most 90 dB in the rear channel. Steady-state
separation at 1 kHz ranged from a low of
48.1 dB (between the rear and right front)
to a high of greater than 100 dB (between
the right front and the center). In general,
separation approached 60 dB, which is ex-
cellent Pro Logic performance.

Figure 11 shows the receiver’s THD + N
versus frequency in Dolby Pro Logic mode;
the results, once again, are far better than
typical for an A/V receiver. In the front
channels, distortion remains at or below
0.17% across the meaningful frequency
range. In the rear, it’s less than 0.3% from
120 Hz to above 3 kHz. The rapid rise in
high-frequency THD + N in the rear chan-
nel is as much due to the fundamental
rolloff called for by Dolby Labs standards as
it is to an increase in the level of the distor-
tion components. (Note that in Fig. 11, and
in some of the prior figures, I've expanded
the vertical scale to reflect the RX-V2090’s
superior performance and to allow you to
see differences more readily.) Figure 12
shows THD + N versus output.

In Dolby Pro Logic mode, the receiver’s
output power at clipping (8-ohm loads) for
the main front channels was 120 watts/
channel, with 135 watts available in the cen-
ter. The main front’s clipping point was

precisely the same in Dolby Pro Logic mode
as in stereo. The rear channel delivered 52
watts/channel at clipping, far above Yama-
ha’s specified 35 watts/channel.

At present, AC-3 decoders are difficult to
evaluate in a lab because the only available
test disc is far from adequate. I was able to
measure the DDP-1’s output level and
channel balance as well as make a stab
at measuring the unit’s frequency response,
1-kHz THD + N at 0 dBFS, and channel
separation at 1 kHz. I found nothing to
complain about in any respect.

YAMAHA'S “CINEMA DSP”
TRADES IMAGING
PRECISION FOR

A BROAD, ENVELOPING
SOUND FIELD.

I was unable to graph frequency response
of the DDP-1’s front and LFE channels, be-
cause my Audio Precision system can’t
track the test disc’s fast sweep when levels
change substantially. Nonetheless, 1 have
reasonable assurance that the response was
within +0, -0.25 dB from below 20 Hz to
above 18 kHz in the main front channels
and to almost 17 kHz in the surround chan-
nels. The center channel was down less than
0.5 dB at 18.4 kHz, and the LFE was essen-
tially flat from below 20 Hz up to 60 Hz.
The THD + N at 1 kHz and 0 dBFS was no
more than 0.007% in all five main channels
and was less than 0.05% at 30 Hz in the LFE
channel. Output level in the main channels
was about 2 volts, and all channels were bal-
anced within +0.055 dB. With its gain at
maximum, the LFE channel’s level was ap-
proximately 10 dB above that of the main
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outputs. Channel separation in most cases
exceeded 100 dB at | kHz; worst-case sepa-
ration (between the right and left surround
channels) was still greater than 84 dB.

Use and Listening Tests

The main potential weakness in Yama-
ha’s Dolby Digital AC-3 setup is that the
RX-V2090’s five discrete-channel inputs
render the receiver unable to accept the
DDP-1’s subwoofer output. You must set
up the DDP-1 so that it reroutes the LFE
channel to the main front pair. (If you use
small speakers, you must also set up the
DDP-1 to strip the bass out of the center
and effects channels.) True, you can con-
nect a subwoofer to the RX-V2090’s “Low
Pass” output, but the bass will still remain
in the main front channels, where it will
place an additional burden on the main
front amplifiers as well as on the speakers. It
is imperative that those speakers be able to
stand the gaff even if they can’t reproduce
the bass. (It’s not feasible to connect a pow-
ered sub to the DDP-1’s subwoofer output,
since then the sub’s level can’t be adjusted
with the receiver’s volume control.)

It also should be noted that although the
DDP-1 can switch among three Dolby Dig-
ital sources, it can’t switch video. When
Dolby Digital becomes available from DVD
and satellite, you'll be able to decode the
bitstream, but you’ll have to rig a separate
video switcher to keep the picture with it.
What a nuisance.

Laying aside those negatives, I was quite
pleased with the performance of the Yama-
ha combo. I set it up in my home theater
and connected full-range tower speakers
that could handle the bass (Paradigm 9se
Mk3s) as the main front pair. Sometimes 1
also used Paradigm’s PS-1000 subwoofer,
and to maintain tonal balance, I used Para-
digm’s CC-300 speaker in the center.

You can toggle between AC-3 and Dolby
Pro Logic with the RX-V2090’s “LD/TV”
pad. Out of the box, the sound level with
AC-3 was higher than with Pro Logic, but 1
corrected this with the DDP-1’s “Output
Trim” function. Once 1 got the system bal-
anced, 1 could make fairly direct compar-
isons of AC-3, Dolby Pro Logic, and Pro
Logic with Cinema DSP.

On every disc | used, Dolby Digital AC-3
was cleaner and had deeper and stronger
bass than Dolby Pro Logic (with or without



Cinema DSP). [ always preferred AC-3 to
Dolby Pro Logic; its sound field was notably
more stable and believable, and it correlat-
ed better with the picture than Pro Logic’s
sound field did. Yet the degree of difference
between the two depended on the disc. For
example, although the flyovers in Top Gun
had better left/right rear definition in AC-3
than in Pro Logic, the old system really did
a fine job, too. (That’s because the flyover
sounds are the dominant signal, and Pro
Logic has little trouble steering this signal
appropriately—albeit, in this case, into a
mono surround channel.)

Dolby Digital really showed its mettle in
scenes where there was dominant on-screen
action and subtle off-screen sounds. In a
scene in Rob Roy, softly lowing cattle and
bleating sheep are far in the distance while
the main action takes place on-screen. AC-3
was able to place the animal sounds off-
screen and distinguish between off-screen
left and right, while Pro Logic just placed
them in an anomalous and comparatively
ill-defined world.

In some cases, the differences between
AC-3 and Pro Logic were so apparent that I

wondered if the soundtracks had been
mixed differently. [ think of Gene Hackman
standing in the rain while haranguing his
submarine crew, an early scene in Crimson
Tide. The Pro Logic mix has rain pretty
much everywhere; in AC-3, 1 could hear in-
dividual raindrops plopping onto Hack-
man’s umbrella amidst the background of
rain. Wow!

Most of today’s programs aren’t encoded
with AC-3, so I compared the RX-V2090’s
Pro Logic and Cinema DSP modes. [ found
its Pro Logic operation on a par with the
finer surround systems [’ve used and far
above that of run-of-the-mill A/V re-
ceivers. Cinema DSP broadened and
widened the soundstage and made it more
enveloping. This was especially noticeable
in the 70mm mode, where sounds were
placed considerably further off-screen and
had more “wrap.” However, I felt this
widening was achieved at some sacrifice in
the precision of on-screen sound images.
On-screen sounds seemed more diffuse
with Cinema DSP and occasionally could
slip off-screen. Whether somewhat less pre-
cise sound placement is a worthwhile trade-

off for the more exciting and enveloping ex-
perience of Cinema DSP is a decision that
you probably should make on a movie-by-
movie basis.

The same can be said for the RX-V2090’s
music sound fields. Although you can’t ad-
just these fields the way you can on some
Yamaha stand-alone music processors, they
sound better than most such processing
programs and were quite enjoyable on the
demo disc that Yamaha provided. Long-
term, [ might find the processing somewhat
aggressive for everyday listening to classical
music.

Because the main front speakers I used
had substantial bass, the RX-V2090’s lack
of an LFE input proved less of a problem
than [ thought it would. This is not a system
to be used with weak-kneed main front
speakers, so | give the RX-V2090/DDP-1
combination my seal of approval only if
you do use it with speakers that aren’t bass-
shy. It’s always disappointing to find an oth-
erwise first-rate product with a design flaw
that could easily have been prevented. But
I’'m sure Yamaha will correct it in future

products. A




When you’ve got questions about Audio and Video,

see a specialist

How do | provide from one audio
system “high quality” stereo
sound to more than one location

within my home?

There are many ways to distribute
stereo sound into remote locations
within your home. The trick is in
reproducing “high quality” sound. As in a
single room application, source equipment,
speaker selection/placement and cabling
choices should be considered. Source
equipment options can include a preamp
with multiple outputs or a multi-room
controller. Consider each room’s individual
decor, size and shape when selecting and
placing speakers. In-wall speakers are
discrete in appearance and work fine for
background music environments. Where
uncompromised sound quality is desired,
any high quality mini-monitor or
floor-standing speaker can be utilized. Due
to the long lengths of wire involved,
selection of interconnects and speaker
cabling is just as important as it is n your
primary audio system. Working with a
reputable retailer is highly recommended
as they can assist you in making th= best
possible choices.

—Peter Lee and Steve Tcth
Future Sound Audio Video Design Group
Burlingame, California
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Now that I've bought a number
of stereo components, how do |
choose a cabinet?

The equipment stand is a
surprisingly important part of any
stereo/home theater system.
Beyond aesthetics alone, there is
performance and convenience to consider.
“Open-air” cabinet designs—with no doors,
sides or backs-are generally the best
choice for both of those. Because there
are no sides to interfere with the sound
waves, the open-air designs lets the
equipment run cooler, allows very easy
access to the rear of the components, and
does not reflect the sound coming from
the speakers. In effect, the cabinet is nearly
“invisible” to sound waves. Metal stands,
with their weight and density, tend to
perform better than wooden stands.
Remember, vibration is detrimental to
sound reproduction. The more vibration
you can control, the better.
—Scott Cray

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

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

% How good does my center
I channel speaker need to be?
Ty
A Well, times have changed since

\ Dolby Pro Logic’s inception several
4 years ago. Initially, it was
understood that a center channel speaker’s
purpose in the Pro Logic scheme was to
reproduce primar ly the dialog portion of a
film. Therefore, a speaker of limited size
and marginal quality would suffice in most
cases. Today, the center channel speaker
plays a far more c-itical role. Film
producers are prcgressively putting greater
demands on the center channel by
“steering” dynamic special effects from side
to side as well as =elying on this speaker for
dialog. These production techniques can be
quite entertaining, however, a “wimpy”
center speaker cculd result in “clouding” of
dialog and annoying inconsistencies
throughout. We suggest that the center
speaker be high quality and as closely
matched to the left/right main speakers as
space and budget will allow. If you
purchased your center channel speaker
some time ago, consider this component
when upgrading your system. By cutting
back here, you cculd be missing half of the
fun that the film makers have cooked up
for us!

—Joe “reppe-t and Brian Bowen

Audio King
St Louis Park, Minnesota

QUDIO KNG

%% They told me | could put my-
!\ ! subwoofer anywhere in the room
because bass is non-directional,
but | hear midrange sound and voices
coming from my subwoofer, how come?

In order to make a subwoofer truly
y non-directional, you must yse a
£ \usteep high pass filter. Most
subwoofers have a shallow filter slope
which allows audible information at 200Hz
and above. Ttis degrades the systems’
overall sound quality and allows you to
identify the location of the subwoofer.
Some companies make high quality
subwoofers that use steeper filters, thus
making them truly non-directional. There
is also an outboard filter that you can use
with your powered subwoofers, assuming
you are using the low level inputs. This
high pass filter is available in both 2 and 3
channel versions.

—David Wexler
The Little Guys Home Electronics
Glenwood, lllinois
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track, you need to add an external
D/A converter.
The Data III transport, which sells

auricLe [

ANTHONY H. CORDESMAN

THETA DIGITAL DATA 111
CD TRANSPORT AND
DS PRO GENERATION V-a
D/A CONVERTER

oth the Theta Digital Data
III CD transport (which can
also be used as a laserdisc
player) and DS Pro Genera-
tion V-a D/A converter are
improved versions of com-
ponents well known to many audio-
philes. The new iteration of the DS
Pro is the first D/A converter I've re-
viewed that offers both a separate
computer and algorithm for digital
processing and the option of an
HDCD filter; this makes it possible

Company Address: 5330 Derry
Ave,, Suite R, Agoura Hills, Cal.
91301; phone, 818/597-9195;
fax, 818/597-1079.

For literature, circle No. 94

to compare HDCD with Theta’s fun-
damentally different type of digital
processing. The Data I1I, a far more
advanced transport than the earlier
Data 11, uti-
lizes Pioneer’s
top-of-the-line
laserdisc mech-
anism, with sep-
arate loading
drawers for CD
and laserdisc.
It now auto-
matically plays
both sides of a laserdisc and offers a
wide range of control features for
movie buffs who like to dissect films
frame by frame. By itself, the Data III
can play only the analog tracks on a
laserdisc; 1o hear the digital sound-
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THETA’S DATA 1lI
COMPARES FAVORABLY
WITH STATE-OF-THE-ART

CD TRANSPORTS AS WELL
AS LASERDISC MACHINES.

for $4,500, has three digital audio
outputs (RCA coaxial, BNC coaxial,
and AES/EBU balanced), with the
option of adding an AT&T ($300) or
Theta’s proprietary Laser Linque
($800) glass-optical output. There is
also an RF output jack for AC-3,
BNC and RCA composite-video out-
puts, and two S-video outputs. Load-
ing time for CDs and laserdiscs is
much faster than in previous Theta
transports, and the ergonomics are
very good. The front-panel controls
are relatively simple, and the remote
is reasonably easy to understand.
(Any experienced Starship captain
should be able to operate it after only
a year of training at the Academy.) A
switch turns off the panel display to
avoid any interaction between the
display circuitry and the audio and
video signals; another switch can
disable the video circuitry during
CD playback. Both of these switches
make slight, but noticeable, im-
provements in low-level detail and
transparency and in the definition of
depth and imaging.

In the Data III, Theta Digital has
done a great deal more than simply
adding digital outputs to a laserdisc
player. One whole side of the interior
is filled with five isolated, separately
regulated power supplies for the
video and audio sections. The digital
audio output board contains a volt-
age-controlled crystal oscillator that
is hand-cali
brated, through
the use of a
high-resolution
time-interval
counter, to re-
duce jitter. All
of the electrical
digital outputs
are pulse-trans-
former isolated and are driven by
high-speed C-MOS logic gates. The
Data III's video circuitry carefully
isolates vulnerable video lines to
ward off pollution from nearby dig-
ital audio signals, and all of the

ichael Groen
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A SPECIAL CD OFFER

A SONIC MUSEUM

DYNASTY

He sits raptly in the pews of the
old church while snow falls silently
on the roof. Though midnight nears,
the walls are painted with the hews
of sunrise by light from golden
chandeliers. The critic listens to the
silence.

At a vast and ancient piano sits the
artist. Almost imperceptibly, the
maestro moves, and the stillness is
gently probed by a shimmering
rivulet of music. That stream be-
comes a brook, a river, a gulf and
then a boundless concordant ocean.
This is the sound that the composer
Rossini said was “a nightingale coo-
ing in a thunderstorm.” The critic
listens, not for an hour, not for an
evening, but for many nights.

To his ears come the sounds of
fourteen decades of musical history
made by the instruments of one of
the greatest names: Steinway. So it
was that the critic, Edward Rothstein
of The New York Times, wrote that he
had visited “a sonic museum.”

Now the same experience is avail-
able to you. You will hear the sounds
of Steinways unheard for genera-

STEINWAY

e SR

tions. A Steinway
square from 1857
will bring to your
home the gentle,
crystalline sonorities
beloved Victorian
ladies. You may be
surprised that a cen-
tury-old Steinway
upright has tonal
richness equal to a
grand.

Do, as some claim,
old Steinways sound better than the
new? Are German Steinways superi-
or to American? There is no need to
accept others’ opinions; with this
recording you may listen and decide
for yourself. Ten Steinway pianos —
from old to new—were recorded in
the same lush space under the same
hands with the same state-of-the-
art, 20-bit system by a Grammy
Award-winning production team.

Piano sound is greatly influenced
by the player, and so an eminent

.

address to:

P.O. 2249

NAME (please print)

ADDRESS_
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is Independent of any pianomaker.
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A SONIC MUSEUM

FOR OUR READERS ONLY!!!

If you wish, send check or money order with name and mailing

artist was engaged. Jerome Lowen-
thal performs often with the world’s
great orchestras and chairs The Jul-
liard School’s piano department.

From his huge repertoire Mr.
Lowenthal chose works that show
the special qualities of each piano.
The result is not a mere demonstra-
tion but a powerful musical experi-
ence, a journey through time into
musical worlds both forgotten and
familiar. An illustrated brochure will
guide your tour.

This Compact Disc, Steinway Dy-
nasty, is not available in stores. Its
special price reflects the cooperation
of the publisher of this magazine. To
transform your listening room into
a sonic museum requires only that
you telephone:

1-800+505°6140

Your credit card will be billed $9.95
plus $3.00 per CD for shipping and
handling, plus tax if applicable.

6400000000000 0000e900000000000000R00RRTOORRITOE

Steinway Dynasty

Livonia, Michigan 48151

STREET AND NUMBER

STATE ZIP

Residents of Michigan and New Jersey should add sales tax. Outside the United States shipping
charges are $5.00. Please allow four to slx weeks for delivery. Offer void after July 1, 1996. This production



ADVANCED CONTACT TREATMENT

oves Conductivity .
» Reduces Noise & Dis'orh?n
» Improves Definition & Clarity
y» Extends pynamic Range

» Seals & Protects surfaces
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,:u_‘:lj their Base Metals!

» Impr

The Only Product t
Plated Surfaces

Even the finest equipment cannot guarantee noise and eror-free
operation. One “dirty” connection anywhere in the signal path can
cause umwanted noise, distortion. signal ioss and data emors. Con-
sidering the hundreds (¥ not thousands) of connections in electronic
equipment today, it is only a matter of time before they begin to fal.
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_Ii:"uble in Environmentally-Safe Spray, Wipes,

Pen, Precision Dispensers & Bulk Containers

How Does ProGold Actually Work?

ProGold outperforms all other contact cleaners, enhancers and lubri-
cants. Due to ifs umique properties, it deoxidizes and cleans surface
contamination, and penetrates plated surfaces and molecularly bonds to
the base metals - NO OTHER PRODUCT DOES THIS. ProGoid fills
the gaps in the contact surfaces,
increasing the effective surface area
andcurrentflow (conductivity). ProGold
penstrates the plated surface and
molacularly bonds to the base metal to
seal and protect . Conduction through
a ProGold coated surface occurs In |
three ways. First, ProGoldis dispiaced
by electricat arc, shock wave or simple
mechanical pressure and redistributes
itsell along the surface when the
distwbance is removed.  Second, a
thin insulating film of ProGold is dis-
persed by an electncal field. Finally,
conduction takes place through very
thin films of ProGold by means of a
quantum-mechanical  phenomenon
called "tunneling”. Simply stated,
electrons travel from one side of a thin
fim of ProGold to the other without
passing through (this s the same effect
that gave the tunnel diode fts name).

Why Use ProGold?

ProGold increases the performance and reliability of all electical equip-
ment. it Improves conductivily for oplimum signal quality, reduces nolse
& interference, lowers distortion and virtually efiminates intermittents,
Unlike other products, it aiso stabilizes connections between similar and
dissmilar metals. ProGold provides long-lasting protection (1-10 years),
on goid, siver, thodium, copper and nickel connections. Lise ProGokd on

all connectors & contacts for maximum pert; ¢ & p i
CAIG PRODUCTS . . .USED BY THOSE WHO DEMAND THE BEST!
Ampex Federal Express Honeywell Switchcraft
Boeing General Electnc Mclnlosh L.abs Tektronix.
Diebold Inc.  John Fluke Mfg. Moloroia Texas Inst.
Doiby Lab Hewlett Packard Nakamchi Xerox Corp.
eesst | 16744 West Bemardo Drive
}- San Diego, CA 92127-1904
TEL: (619) 451-1799

LABORATORIES. INC. FAX: (619) 451-2799

1-800-CAIG-123

CIRCLE NO. 6 ON READER SERVICE CARD

units are hand-tweaked to improve picture
quality.

The result is a truly outstanding trans-
port. The Data III offers far better video
performance than its predecessor and
equals that of any laserdisc player I have
used. It provides excellent tracking, low-
noise playback, and fine resolution and col-
or. [ usually preferred the picture without
the Data I1Is digital noise reduction, but
this is true of such circuits in all of the
laserdisc players I have
used. Its sound was
consistently better
than that of laserdisc
players that had only
low-quality Toslink
outputs, even when [
used an Audio Alche-
my or a Theta Digital
jitter-reduction device.
The Data III also produced cleaner sound
than [ have heard from stock laserdisc play-
ers that have coaxial digital outputs. The
improvement showed up largely in low-lev-
el sonic detail, which affects depth, imag-
ing, sweetness, and apparent dynamic
range.

I also compared the Data III’s perform
ance in reproducing CDs with that of the
Mark Levinson No. 31 and PS Audio Lamb-
da transports and the Krell KPS-20i CD
player used as a transport. The audible dif-
ferences were slight and highly dependent
on the D/A converter, cable, and interface |
used. It seemed to me that each manufac-
turer had optimized its transport to sound
best with its own D/A converter. But all
four transports performed well with other
brands of converters, particularly when I
used a top-quality cable and the AES/EBU
or AT&T interface. The Mark Levinson No.
31 did a slightly better job on CDs so badly
made that any sane audiophile would dis-
card them. But you'll seldom hear a musi-
cally meaningful difference between today’s
best transports, particularly with recent au-
diophile-quality CDs.

In short, [ believe the Data Il competes
with the state of the art in CD transports. It
may be the state of the art for those looking
for the best possible sound from laserdiscs.

Theta Digital has made fewer improve-
ments in its top-of-the-line DS Pro Genera-
tion V-a D/A converter. (I reviewed the pre-
vious version in the February 1995 issue.)
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THE MAJOR CHANGE
IN THETA DIGITAL'S
DS PRO GENERATION V-a

D/A CONVERTER IS ITS
OPTIONAL HDCD FILTER.

The analog section now uses six hand-se-
lected sets of eight matched transistors,
which Theta feels will improve sweetness
and imaging detail. The company has also
eliminated the inductors in its output fil-
ters, in an effort to reduce sibilance, tighten
the focus of the imaging, and improve tonal
quality.

The most important change in the Gen.
eration V-a is the availability of an HDCD
filter/decoder as an option. This option
adds $459 to the
price of the DS Pro
Generation V-a D/A
converter, which sells
for $3,795 with un-
balanced connec-
tions and $5,600
with balanced ones;
an AT&T optical in-
put costs an addi
tional $300, and Theta’s Laser Linque input
is $800.

[ auditioned two samples of the DS Pro
Generation V-a, one with HDCD and one
without, so [ could analyze the value of the
HDCD option. The unit without HDCD
revealed a number of subtle but important
improvements in sound quality. It was
sweeter than its predecessor and more de-
tailed. The noise floor seemed slightly low-
er, which improved the apparent dynamic
range and soundstage detail. The upper
midrange was more harmonic and musical-
ly natural with strings and woodwinds.
Brass had a more musical bite, with less
trace of digital edge, and good recordings of
cymbals had a more natural shimmer and
decay.

The DS Pro Generation V-a was not quite
up to the Mark Levinson No. 30.5 in its
ability to resolve upper-midrange and tre-
ble detail or to extract very low-level musi.
cal information. Yet it was richer in the
midrange than the 30.5 and had more pow-
erful and dynamic bass. Its bass was excel-
lent, surpassed only by that of the convert-
ers in the Krell KPS-20i player. The
Generation V-a was also slightly more dy
namic than either the Mark Levinson or the
Krell. It seemed state of the art in terms of
depth and front-to-back imaging. Overall
dynamics and soundstage perspective were
typical of what you might hear on the main
floor of a concert hall, about one-third to
halfway from the stage.



The HDCD filter, which automatically
decodes HDCD discs, proved a mixed bless-
ing. It did reveal that HDCD recordings are
getting better: Reference Recordings’ Leos
Janacek (RR-65CD) and George Whitefield
Chadwick (RR-64CD) discs, for example,
are two of the finest recordings I have
heard. But the HDCD setting forces you to
use the digital filter in the HDCD chip and
bypass the filtering system that is the heart
and soul of the Generation V-a.

My listening panel and I mostly preferred
to listen to HDCD recordings using the
Generation V-a’s native digital filtering
rather than the HDCD option. Although
the HDCD filter provided a bit more up-
per-octave detail, it was less musically nat-
ural and less warm; it spotlighted right-to-
left imaging relative to depth. Blind
listening tests with non-audiophiles pro-
duced roughly similar results. Opinions
among my “guinea pigs” were divided, but
most preferred the Theta filtering,

More broadly, I found no reason to pre-
fer the sound of HDCD discs over others.
Reference Recordings makes some of the
world’s best recorded CDs, but playing its

THERE’S A SUPERB
SYNERGY BETWEEN
THE DATA il

AND THE DS PRO
GENERATION V-a.

HDCD recordings back through an HDCD
decoder didn’t yield sound better than that
of well-made non-HDCD recordings
played through conventional converters.
listened at length to Reference Recordings
HDCD-encoded CDs and other audiophile
CD:s through the Theta DS Pro Generation
V-a, with and without HDCD. Recent
recordings from Chesky (Oregon’s Beyond
Words, ]D130, and O Magnum Mysterium,
CD83), Sheffield Labs (The Art of Fuguing,
10047-2-G, and Earth Chants, 10049-2-F),
and Telarc (Oscar Peterson’s The More I See
You, CD-83370, and Jim Hall’s Concierto,
CD-83365) did not have the same sound
character as the Reference Recordings CDs
but were equally musical. The differences
among discs from these labels seemed to be
more the result of production values and
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microphone choice and placement than of
anything to do with HDCD. I also played
good “extra-bit” recordings, including a
Sony Classical Super Bit Mapped CD (two
Mozart string quintets, SK-66259) and a
Deutsche Grammophon Authentic Bit
Imaging disc (Vivaldi’s The Four Seasons, 43
9933). These recordings roughly equalled
the HDCD recordings in m